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FOREWORD

NRSC-R58, Digital Audio Radio IBOC Laboratory Tests — Transmission Quality Failure Characterization
and Analog Compatibility, documents the first comprehensive testing of in-band/on-channel digital radio
systems. This report was prepared for Working Group B and the Combined EIA DAR and NRSC DAB
Subcommittees.

The NRSC is jointly sponsored by the Consumer Electronics Association and the National Association of
Broadcasters. It serves as an industry-wide standards-setting body for technical aspects of terrestrial over-
the-air radio broadcasting systems in the United States.
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THE AT&T DAR SYSTEM UPDATE
N.S. Jayant
AT&T Bell Laboratories
Murray Hill, New Jersey

Abstract

This paper describes a system developed at
AT&T Bell Laboratories for broadcasting digital
20 kHz sterco over a 200 kHz channel in the ter-
restrial FM radio band. This fu-Band Adjacent
Channel system for digital audio broadcasting, or
digital audio radio (DAR) uses the Perceptual Au-
dio Coder (PAC) for compressing CD-stereo to
bit rates on the order of 128 to 160 kbps, a three-
level strategy for transmission error protection, a
4-phase modem, and adaptive algorithms for syn-
chronization and channel equalization. This pa-
per defines primary as well as secondary modes of
the AT&T-DAR system.

1. Introduction

We describe a system for digital audio broad-
casting developed at AT&T Bell Laboratories.
The system is initially designed to operate in
the so-called In-band Adjacent Channel (IBAC)
or In-Band Reserved Channel (IBRC) modes in
the 88-108 MHz terrestrial FM radio band. The
RF lLandwidth needed by the IBAC system is
200 kHz. Digital audio coding is provided by the
AT&T Perceptual Audio Coder (PAC) which pro-
vides CD-quality stereo at bit rates on the order of
128 to 160 kilobits per second (kbps). A robust 4-
phase modem, an adaptive channel equalizer and
a three-laver method of error protection ensure
that the audio quality is maintained in the pres-
ence of transmission imperfections such as maulti-
path fading and Doppler frequency shifts at high
vehicle speeds. The IBAC or IBRC paradigms are
designed for interference and coverage characteris-
tics that are fundamentally better than those for

the alternative of In-Band On-Channel (IBOC)
transmission. The AT&T - IBAC solution is
readily adaptable to satellite transmission and to
AM-band solutions for DAR. -

2. In-band DAR Systems

Figure 1 depicts various possible paradigms for
simulating analog and digital versions of the same
audio program in the FM terrestrial band. With-
out loss of generality, the same paradigms also
apply -to digital broadcasting of 2 separate au-
dio program. The analog FM transmissions are
in 200 kHz slots in the 88-108 MHz band. The
in-band DAR solutions use vacant slots in one of
three ways: {a) two 100 kHz slots on either side
of the analog channel (Row 1), or (b) a single
200 kHz slot (Rows 2. 3, and 4), or (c) a sin-
gle 100 kHz slot (Row 5). The arrangements in
the last four rows of the figure are termed In-
band Adjacent-Channel {IBAC) solutions. The
simulcasting (in general, the broadcasting) effi-
ciency of the 100 kHz IBAC solution is clearly -
superior to that of the 200 kHz solution. For
example, simulcasting is provided for both Sta-
tions 2 and 3 in Row 5 of the figure, but only
for Station 2 in Row 3, and only for Station 3
in Row 4. However, in the current state of au-
dio compression and radio modem technology, it
is not possible to provide CD-quality stereo com-
bined with transmission-robustness in a 100 kHz
solution. On the other hand, the better frequency

granularity of the 100 kHz system makes a milder

assumption about available RF space, and enables
some other paradigms, such as a single side-lobe
version of the IBOC system in Row 1. This is
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indeed a secondary mode of the AT&T-A:nati
IBOC system [1}.

The remainder of the paper focuses on a
200 kii. IBAC solution for DAR, as in Rows 2,
3 and 4 of Figure 1. In the expected transitional
period between analog FM and DAR, the IBAC
solution will depend on the availability of vacant
200 kHz slots in the RF spectrum at a given

geographical location. If such a vacancy exists, .

the IBAC solution provides interference and cov-
erage properties that are inherently superior to
those of the In Band On Channel (IBOC) alter-
native (which is constrained to operate at a trans-
mit power level significantly below that of the
on-channel FAM broadcast). The IBAC solution
thus provides a realization of the best possible
performance of a DAR system, provided source-
and channel-coding algorithms arc optimized and
well-matched to each other. The IBAC solution
is also readily extensible to DAR solutions in the
terrestrial AM-Radio and satellite bands.

The remainder of this paper is organized as fol-
lows. Section 3 describes the PAC audio codec as
used in the DAR system, Section 4 describes the
three-level strategies for transmission error pro-
tection, and Section 5 summarizes the modem and
RF transceiver, including techniques for synchro-
nization and adaptive channel equalization. Sec-
tion 6 defines the secondary modes of the AT&T-
DAR system. Section 7 talks about possibilities
for future enhancements.

3. The PAC Audio Codec

The concept of perceptual audio coding is de-
rived from the notion of distortion-masking in
the human auditory system, the phenomenon
whereby one signal can completely mask a suf-
ficiently weaker signal in its frequency- or time-
vicinity. In the context of low bit rate coding, the
desired audio is the masking signal and the coding
distortion is the weaker, masked signal. The ratio
of masking-to-masked signal can be quite mod-
est (and in general. substantially smaller than the
96 dB SNR used in 16-bit PCM coding as in the
CD or DAT) [2].

Masking in the frequency-domain (also called
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simul'aneous masking) is illustrated in Figure 2,
where the staircase function specifies the just-
noticeable-distortion (JND) or masking thresh-
old as a function of frequency for the given input
power spectrum (a trumpet signal). The twenty-
five treads of the JND function are the so-called
critical bands in human hearing. The JND is de-
rived from an empirical interpolation between re-
sults for fone-masking-noise and noise-masking-
tone, and by the incorporation of a model! for the
spread of masking into adjacent critical bands.
The JND is re-evaluated in real time for every
new sample of incoming audio spectrum, and
thus provides a continuously changing masking
threshold. The use of the JND permits optimum

coding in that incoming segments ‘dre ncither ~

overcoded nor undercoded. The JND paradigm
provides in principle a framework for verieble-
rate, constant-quelity (transparent) coding using
a block-transform algorithm, as suggested in Fig-
ure 2. The PAC coder is adapted to a constant
bit rate, almost-constant-quality mode by means
of real-time iterative techniques for bit allocation
and noiseless coding [3]. This monophonic thresh-
old model is an advanced version of previously
described models [2] [4].

Masking in the time-domain (also called non-
simultaneous masking) is illustrated in Figure 3,
where a strong signal in a given time block can
mask an adequately lower distortion in a previ-
ous or future block (backward or forward mask-
ing). Although less understood than simultane-
ous masking, temporal masking is implicitly used
in block-transform coders such as PAC. In these
coders, a long block length (for example, 512 sam-
ples) is used whenever possible to provide fine
frequency analysis, and consequently better JND
thresholding and coding gain. However, during
occurrences of sharp transients in the audio, a
long block length (with a possible audio onset late
in the block) can cause a pre-echo {distortion last-
ing for a large or full fraction of the block length)
that precedes the audio itself. In such cases, 2
shorter block length maximizes the possibility of
temporal masking, in spite of the decaying skirts
in Figure 3. An important feature of PAC is a
window-switching algorithin (Figure 4) that can
change the window length from 512 samples to.
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say. 128 samples, with the switching based on a
proprietary perceptual algorithm.

Tlic joint-stereo coding system in PAC is based
on a proprietary algorithm that uses either Lefi-
Right coding (Coding of L, R signals) or Sum-
Difference coding (coding of L + R and L - R
signals), in an adaptive fashion in time and fre-
quency. Judicious switching between these modes
minimizes the occurrence of a phenomenon called
noise-unmasking in the context of stereo listening.

In internal tests at AT&T Bell Laboratories,
PAC has demonstrated CD-quality compression
of a very broad class of inputs at stereo coding
rates in the range of 128 to 160 kbps.

The perforinance of PAC at bit rates in the
range of 96 to 160 kbps (for stereo) makes it a
powerful candidate for DAR applications in the
AM. FAf and satellite frequency bands. In the
primary mode of the AT&T DAR system, the bit
rate for audio coding is 152 kbps.

The PAC decoder has been implemented on a
single general purpose DSP processor. The PAC
encoder is implemented on a parallel processing
platform, also based on general purpose proces-
sors. With a sufficiently powerful processor such
as the Intel i860, the number of processors for
PAC encoding can be as few as two.

4. Strategies for Robust Trans-
mission

The goal of a DAR system is to maintain an
excellent level of audio quality over a wide range
of transmission environments that include sig-
nal fading due to multipath, vehicle speed ef-
fects {such as Doppler at high speeds, deep fades
and nulls at slow speeds and stoplight stalls),
and {ringe-arca reception. Briefly, the idea is to
niaintain CD quality over a significant majority of
transmission conditions, and graceful degradation
until the point of total failure.

The AT&T DAR systems provides adaptive
cqualization to alleviate frequency-selective chan-
nel fading (Section 5). time-interleaving to ran-
domize bursty errors due to slow fading. and three
levels of protection against residual bit error ef-
fects:

{i) an outer code: protection of a small num-
ber of very critical bits in the transmitted bit
stream (using an 8 kbps overhead out of a total
of 160 kbps).

(ii) an inner code: protection of the audio-plus-
auxiliary data bitstream by a shortened Reed-
Solemon code of rate in the neighborhood of one-
half, and

(iii) error-concealment: a proprietary algo-
rithm for the concealment of residual errors at the
PAC decoder input, in response to a block-error
flag provided by the Reed-Solomon decoder when
it fails to decode a codeword. The concealment
algorithm uses audio signal redundancies, includ-
ing left-right correlations in stereo, to provide a
reconstruction quality that is significantly befter
than that due to muting. Muting is resorted to
only when there is a burst of several consecutive
block-error flags.

A soft-decision capability in the Reed-Solomon
(R-S) coder can minimize the flag probability,
and a simple arrangement ensures that flags oc-
cur more frequently than needed, rather than less
frequently than needed.

Table 1 shows the mean time between flags
(secs) as a function of channel signal-to-noise ratio
(dB) and interleaving depth (ms). Results are for
a flat Rayleigh-fading channel, and for three (R~
S) codes. The results assume differential encoding
of data at the encoder and differential demodula-
tion at the receiver. Modulation is by four-level
phase shift keying. It is seen that for a given fre-
quency of error concealment, the channel quality
and the interleaving time can be traded off against
each other. However, the interleaving depth con-
trols the latency in digital channel-switching, and
for that reason, the interleaver cannot be arbitrar-
ily long.

In Table 1 the (R-S) codeword is 32 sym-
bols or 256 bits fong. The (32,%) code can cor-
rect up to all 0.5 (32 — %) errors (and many of
higher weight), and has information and redun-
dancy symbol numbers of & and (32 — &). The
audio block length is 1700 bits. The vehicle speed
is 20 mph. The channel signal-to-noise ratio is
CSNR.

For CSNR = 17 dB and a rate-1/2 (or 32, 16)
code. the block error rate is about 2 x 1073, and
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Table 1: AT&T DAR System: Channel Coding

CSNR (dB) Delay (ms)

Meax: “ime between Failures (sec)

(32,20) .. .») (32,16) (32,14) (32,12)
17 425 = 02 07 0.21 0.75
17 725 .03 .08 30 1.2 4,70
20 425 - 5 - - -
20 725 45 150 - - -

the bit error rate is on the order of 5+ 10~4 (for
a4 1700-bit block). The bit error rate without the
rate-1/2 code would be on the crder of 2 + 1072
{Figure 6). For CSNR values of 18 and 19 dB,
the bit error rate with a rate-1/2 code is about
41075 and 9 * 10~7 respectively, and decreases
very rapidly for higher values of CSNR.

5. DAR Modem and Trans-
ceiver
Modulation is based on four-phase signalling

with coherent detection. The choice of 4¢-PSK
provides a good compromise between the robust-

ness of 2¢-PSK and the efficiency (in bits per sec- -

ond per Hertz) of 8¢-PSK (Figure 7). The use
of differential PSK is a good match to the envi-
ronment of a mobile receiver, an important and
challenging segment of the DAR market.

The input to the 4-¢ modulator is a 360 kbps
bit stream (composed of 340 kbps of multi-
plexed audio and data and an overhead of
20 kbps for synchronization and channel equal-
ization). The 4-¢ modulator provides an ideal
elliciency of 2 bits/sec/Hz, and an actua! rate of
1.8 bits/sec/Hz in packing the 360 kbps data into
-+ 200 kHz FM channel. This is shown in Figure 5
which also depicts the staircase FCC mask for FM
radio operation. The RF spectrum of the DAR
svstem includes a pilot tone (at the + 100 Hz
part of the baseband spectrum) to aid in efficient
carrier recovery.

.The channel equalizer is a separable. non-cross-
coupled passband equalizer using a fractional-
spacing algorithm of resolution T°/3 where T is the
svmbol interval (1/360 kbps = 3us). Equalization
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is periodically adaptive, and occurs once for ev-
ery block of 1700 bits. The training sequence is 2
pseudo-noise sequence of length 100 bits, centered
on the 1700-bit block. The overhead is 100/1800
(20 kbps/360 kbps). The PN sequence is used for
estimating the channel impulse response, and also
for bit synchronization.

The basic transceiver functions of the DAR sys-
tem are summarized in Figure 8.

6. The DAR System: Primary
and Secondary Modes

The overall block diagram of the AT&T-DAR
system is shown in Figure 9,

The DAR system has provisions for two sources
of auxiliary data transmission: asynchronous data
made possible by the inherent variability in the
(rominally 152 kbps) PAC encoder, and syn-
chronous data that gets multiplexed with the PAC
output prior to inner error protection coding. The
effective data throughput is expected to be in
the range of 10 to 20 kbps. The bit error rate
and block-failure rate of the data are identical to
those for audio in the arrangement shown in the
diagram. Not detailed are essential details of cir-
cuitry such as the derivation of various subsystem
clocks.

The block diagram permits several models. The
primary mode uses a PAC bit rate of 160 kbps
(including outer error protection), a rate 1/2
inner code (170 kbps/340 kbps), and an inter-
leaver delay of 640 ms. Secondary modes result
due to other combinations of PAC rate (such as
128 or 192 kbps), corresponding Reed-Solomon
rates (for a total of 340 kbps), and other inter-




leaver designs (such as the shorter latency in-
cluded in Table 1}.

The use of antenna diversity is an option. This
option can complement the time-diversity pro-
vided by the combination of the channel coder
and interleaver. A large degree of frequency di-
versity is not available in In-Band Narrow-Band
systems, as a class. However, frequency diversity,
if available, is implicitly exploited by the equalizer
to improve receiver performance.

7. Future Enhancements of the
DAR System

The system of Figure 9 is an initial proposal
for an IBAC-DAR system. Anticipated future en-
hancements will be a result of more sophisticated
implementations in the ncar term as well as im-
provements in audio. modem and radio technolo-
gies in the longer term. The following is a short
list of these enhancements:

—~ increased capacity for auxiliary data

— the provision of more than two audio chan-
nels

— better granularity in terms of demands on
available RF space

- extended service range because of the elastic
nature of the PAC algorithm.
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AT&T/AMATI DAR SYSTEM: AN UPDATE

John A. C. Bingham
Amati Communications
Palo Alto, California

ABSTRACT

US broadcasters bave expressed a strong preference for an
In-Band On-Channel (IBOC) digital audio radio system:
that is, one that can be superimposed on the existing VHF
FM sysiem. Two groups of US companies are developing
systems Lo meet these very difficult requirements, and the
EIA will begin testing the candidates in January 1994, The
results will be reported to the NAB to help them in their
decisions on DAR deployment in the US.

This paper describes the RF environment in the USA and
the resultant problems for IBOC DAR. It then describes the
solution proposed by a partnership of AT&T (audio codec)
and Amati (transceiver)

INTRODUCTION

Digital Audio Radio, a general term for the broadcasting of
high (i.c., CD) -quality audio in compressed digital form, is
a subject of considerable interest throughout the world.
Ideally this quality should be achieved with the smali
anlennas that are switable for stylish installation on
antomobiles, and it should be maintained in all commonty-
encountered multipath fading environments

This paper, which is a follow-up to presentations to the
NAB in April 1993 (1] and the SBE in October 1993 (2],
describes a system that has been developed by AT&T and
Amati in response o the nceds of US broadcasters, The
system and four others (including one other IBOC system)
will be tested by the EIA beginning in January 1994, The
NAB is liaising with the EIA through the National Radio
Systems Commiltee in order to monitor the lests of the
IDOC systems only.

It has previously been assumed that the US needs are
unique, and that therefore the solution for them must also
be, but it begins to appear that they are not so unique. It is
widely belicved that the ideal frequency band for gny DAR
system is Band Il (the present FM band), so we have
suggested Lo the international community (3] that it should
explore ways in which the two extremes of a wideband,
single-frequency system (i.e., Eureka 147) and a narrow-
band, single-ransmitier system (c.g., the ATT/Amati

system) might attain at least a minimum level of
manufacturing compatibility.

Section 1 of this paper describes the In-Band!
environment, and the special problems of digital
broadcasting in it. Section 2 very briefly recapitulates some
of the reasons for the choice of mullicarrier as the
modulation method, and describes the overall system in
some detail. Section 3 describes the use of an auxiliary
overhead channel (AQC) to control the options in the
present system, and discusses the possible generalization of
the method; Section 4 gives some preliminary results of
laboratory and field tests.

IN-BAND DAR
The Environment

FM carrier frequencies in the US are separated by 200 kHz,
but it is rare for two stations in a geographical area to be
separated by less than 400 kHz, The long-term, average
Power Spectral Density (PSD) of a transmitted signal is
limited by a mask defined by the FCC, which is shown in
Figure 1(a). Also shown are an approximation to an actual
PSD, and the pemitted levels of a first-adjacent signal
(carrier removed by -200 kHz) and a second-adjacent
signal {carrier removed by +400 kHz) at the edge of a
station’s "Normally Protected Contour”™.

The IBOC Problem

The four requirements for any IB system that dictate the
design approach are:

1. Under conditions of multipath fading the DAR recciver
must operate much better than a good FM receiver
receiving a conventional FM signal, This is the basic
reason for interest in DAR.

2. The DAR signal should nol interfere in any way with its
host FM, and, similarly, shootd not be affected by it.

3. Both DAR and FM receivers must operate under
thecondilions of (a) the more common second-adjacent-

2 *In-Band” may be confusing because the obvious question
is "In what band?" The meaning here is that in the UUSA: the
FM band of 88 to 110 MHz.
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car s celerence, and (b) the Iess common first-adjacent
chanr: ! nteference,
4. T4z composite DAR/FM signal in any IBOC system
should conform to the FCC PSD masks (25 dB below
carrier at 120 to 240 kHz from carrier and 35 dB beyond

240 kHz).

In order to define the problem in more detail, we must
decide on the method of separating the DAR signal from its
bost FM. The method that is simplest in implementation,
and most assured of agreement between theory, simulation
and practice is to assign the FM and DAR signals to
different frequency bands, and separate them by filters,

The spectrum outside f +100 kHz is not needed for high-
quality FM reception, so it is possible to place a DAR
signal--at a PSD that conforms to the FCC mask--in one or
both of the sidelobes, as shown in Figure 1(b). Such
placement of the DAR signal is called On-Channel IBOC),
and a broadcaster would not need a new license--a very
important consideration. If the first- or second-adjacent
channels are vacanl, then it is technically feasible 1o place
much higher powered DAR signals there; whether such
transmission could be licensed, and what PSDs would be
permitted are much more difficult questions.

The most common "bifurcated” arrangement of pass-bands
and PSDs that satisfy requirements 3(a} and 4 are shown in
Figure 1(a). It can seen that the maximum total bandwidth
available to the DAR signal in (his double-sidelobe mode is
2(f 1 - f 2 }, which is about 140 kHz. If there is a potentially
interfering first-adjacent channel {requirement 3(b)), as
shown in Figure 1(b), the bandwidth of the single usabte
sidelobe must be increased somewhat; the maximum
available is about 80 kHz,

These calculations are based on the assumption of an FM
signal that includes only audio. A 67 kHz SCA doss not
significantly increase the bandwidth of the FM, but the
movre recently-installed 92 kHz SCA  does. Interference of
the DAR signal with and from such a composite FM signal
could, of course, be reduced by moving the digital sidelobes
away from the ceanter, but this increases the interference
with and from adjacent-channel DAR signals, Whether there
is a compromise placement of the sidelobes that will
simultancously satisfy all requirements, or whether the
placement will have to be adjusted to balance the
broadcasters’ need for these wideband SCAs against the
presence of adjacent channels will need careful study.
Eventually the preferred arrangement would be for the data
capability of the SCAs to be carmried, much more efficiendy,
by the auxiliary data channel.

. The audio compression and encoding problem, therefore, is
10 achieve CD-quality with a data rate that can be reliably
transmitted in 140 kHz, and near-CD-quality in 80 kHz; the
proposed sotulion (o this problem using a Perceptual Audio
Coder (PAC) is described in 2 companion paper [3]. The
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data rates chosen were 160 and 128 kbiu's, The transceiver
problem is to transmit and receive those data rates in the
appropriate bands under conditions of adjacent-channel
interference and multipath fading.

MULTICARRIER MODULATION
The Choice of Multicarrier Modulation

Multipath propagation of a radio signal has two possible
effects. If the product of the delay spread and the
bandwidth is greater than about 0.5 the attenuation and
delay responses of the channel will be strongly frequency-
dependent, and inter-symbol interference (ISI) may result.
On the other hand, if the product is less than about 0.25 the
responses will be fairly constant across the whole band, and
the signals from the separate paths will either reinforce or
cause wideband fades,

The problem of ISI caused by large delay spreads could
perhaps be solved with single-carrier modulation by
equalization of the received signal, but the computation
required to make the equalization adapt fast enough (o track
a moving receiver? is a very challenging one. Another
solution is to use multicarrier modulation {4] with a guard
period (cyclic prefix) whose length is greater than the largest
delay spread, This is the solution adopted in the Eureka 147
system where multicarrier modulation is called Coded
Orthogonal FDM (COFDM). Because of the large delay
spreads encountered in receiving from the many transmitters
in an SFN the guard period in the Eureka system is much
longer than is needed in an IBOC sysiem,

The opposite problem of small delay spreads, which cause
"wideband" fades, is harder to solve. The best technical
solution--space diversity through the use of two antennas--
bas been judged impractical by automobile manufacturers.
The next best solution, which is implemented in the Eureka
system, is (0 achieve frequency diversity by a combination
of frequency interleaving, trellis coding and Forward Error
Correction (FEC). In the much narrower band available to
IBOC systems (less than 400 kHz, compared to at least 1.5
MHz for Eureka 147), however, not much frequency
diversity can be achieved, and the only solution to the
notorious "deep stop-light fade™ problem is to wait for a
green light!

The choice of multicarrier over single-carrier modulation
for the DAR system was not, however, based on the
relative performance merits of the two methods, which are
complicated, controversial and beyond the scope of this
paper, but in the much greater flexibility of data rates and
frequency bands that multicarrier provides,

2 At 30 mph 2 vehicle will travel through one wavelength
of an FM carrier in approximately 200 ms.

T




The Amati Discrete Multitone (DM'T) Solution

The Transmitter

The audio data signals of 160 {128} kbit/s are augmented
with a (32,20) {{24,16)} Reed-Solomon FEC code to
generate aggregate data rates of 256 {192} kbit/s
respectively, An auxiliary data channel can be provided,
but the method of multiplexing it bas not been decided. The
output rate of a PAC encoder depends on the source
material, and an "opportunistic® data channel (j.e., available
only when the material is predictable and therefore easily
- encoded) with an gverage data rate of about 15 kbit/s can
be made available with no degradation of audio quality or
increase of transmitled data rate or bandwidth, Such an
apxiliary channel would bave to be buffered and flow-
controled; whether such an arrangement would be
acceptable remains to be seen,

DMT is Amati's implementation of generic multicarrier
modulation, It uses a sub-carrier spacing of approximately
4 kHZ, and the transmitter can be configured to use any
combinalion of sub-carriers needed for the three IBOC and
two IBAC modes. The symbol duration is 250 ps, and the
cyclic prefix is 14.5 ps: more than enough o cover all
delay spreads encountered in a single-transmitter system,
32 {18} sub-carmriers are used in the double [single}
-sidelobe mode using a mixture of differential 4-phase and
8-phase,

The specrum of a conventional multicarrier signal (DMT
or COFDM) that uses only a sub-set (or sets) of the
available sub-carriers falls off fairly slowly at the edges of
the nominal band(s). In order to prevent such a signal from
interfering with its bost FM, it would have to be strongly
filicred. A better method of bandlimiting the signal is to
shapc the envelope of the cyclic prefix; with a raised-
cosinc shaping an extra 25 dB of suppression of the DAR
signal can be achieved across most of the FM band, and a
transmit filter is not needed.

The design of uellis codes for a fading environment, the
best relationship between them and FEC codes, the best
mcthod of decoding, and the individual and aggregate gains
that can be oblained from the two codes are subjects that
are not adequaltely understood; smatl improvements are still
being made

One sub-carrier in each sidelobe is not used for data; it
scrves as a pilot, which can be used in the receiver to help
in synchronization, and (o transmit the sbow Auxiliary Data
Channel (see Section 3).

The Receiver
The present system uses differential demodulation, but

4 The numbers in braces are those for the single-sidelobe
mode.

the ratio of the symbol rate {4 kHz) to the rate of change of
a channel (< 10 Hz) is probably such that coherent
demodulation--requiring continual leaming of the sub-
carrier phases--would be feasible (though computationally
intensive). The improvement in performance when the
demodulation is embedded in an interleaved system with
FEC is very difficult to predict; it will certainly be fess than
the text-book figure of 2.3 dB.

With bard decoding the FEC decoder can correct only 6
(4} byte errors in each block. In the Amati system,
however, the outputs 'of the receive FFT (the demodulated
sub-carriers) are processed to yield a measure of the
confidence level of each signal, and if the aggregate
confidence level of an FEC block is below a threshold,
then the block is tagged for erasure, Use of the erasure
signal enables the decoder to correct almost twice as many
(i.e., 12 (8)) byte errors in each block. The efficiency of
this method depends on the criterion for erasing, which is
continually being refined.

Similarly, the quality of the decoded audio signal can be
improved if the modem receiver outputs a flag when the
FEC decoder is unabie to correct all the errors in a block,
Then the PAC decoder implements a concealment
algorithm, which is described in more detail in (5).

THE AUXILIARY OVERHEAD CHANNEL (AOC)

With the present system a broadcaster may choose one of
only four options (one double-sidelobe mode, two single-
sidelobe modes, and, perhaps eventually, one pure IB DAR
mode) depending on the potental interference from other
adjacent-channel stations. Therefore the AOC need
transmit only two bits, and it can do this at a 1 kbit/s rate
by lightly modulating the two pilot sub-carriers without
significandy reducing their synchronization capability.
With this rate for the AOC a receiver could configure itself
1o match the broadcast signal within a few milliscconds,

As proposed in [1], however, the AOC could carry much
more information, and this could be used to indicate any
one of a large set of in-band multicarrier configurations.
This set might include individually-wnable single-channel
signals and wide-band multi-channel signals--both types
with or without associated FM.

The present system was developed 1o be used with a single
transmitter; the symbol and guard periods are not long
cnough to deal with the larger delay spreads encountered in
a multi-transmitter system, Amali is studying the

5 These are also called "single-frequency” systems, but their
important characteristic is the simultaneous transmission
from multiple transmitters, not the number of “channels”
contained within the signal,
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transmission problems of multicarrier systems with very
long symbol pedods {very small sub-carrier frequency
separations and very large FFT sizes.)

PRELIMINARY RESULTS

As previously demonstrated by AT&T, a back-to-back

PAC encoder and decoder reproduce CD-quality audio

with no impairment for most tested signals at stereo rates
in therange of 128 (o 160 kbit/s. Furthermore, a
connection of encoder, transmitter, receiver, and decoder
with no channel impairments produces near-perfect FM
and DAR signals; it is clear that neither is being interfered
with by the other,

The composite DAR/FM signal has also been
transmitted through simulated RF multipaths with delay
differences up to 10 ps. With the larger spreads the FM
was severely (i.e., annoyingly) distorted, but the DAR was
completely unperturbed. The R-S error corrector, which in
the tested system could correct up 10 6 eror byws ina
block, was never exercised 10 its hrmt.
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Perceptual Audio Coding (PAC)

Refined psychoacoustic models for:

Frequency-domain and time-domain noise-masking

Dynamic switching between short and long analysis windows
Joint coding of multiple channels (in 2-and 5-channel audio)
Transmission error concealment

Inexpensive single-chip decoder

Leading candidate in NBC-contest for MPEG-2 standard
Ideal match to the needs of DAR technology
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Perceptual Audio Coding (PAC):
Non-Simultancous (Time-Domain) Noise-Masking
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Subjective Assessment of AT&T-Audio Technology
Swedish-Radio Tests for MPEG-AUDIO {1991)
Layer 3: Best Stereo coder at 256, 192 and 128 kbps

AT&T-Internal Results (1992-93)
PAC: CD-Quality Sterco at 128-192 kbps

BBC and Deutsche Telekom ( 1994)
MPAC: Best 5-channel coder at 320 kbps




Comparison of 5-channel audjo codees at 320 lkkbps
Number of Signals (out of 10) that are transparently coded*

Testing Laboratory
Deutsche Telckomn  BBC

Philips (MPEG-Layer 2) | 0
Dolby (AC3) 2 f
AT&T {MPAC) 6 5

*Average quality loss of fess than 0.5 on a 5-puint scale
Based on the epiutons of 45 expert lisieners

Excerpicd from MPEG daty NSID28.94

DAR Systems Using PAC

The perceptual audio coder (PAC) developed at AT&T Bell Laboratories
is being used in conjunction with various transmission technologies

for Digital Audic Radio. The following DAR proposals are based on
PAC operating at bit rates in the range of 128 to 160 kbps.

» AT&T (In-Band Adjacent-Channel System)

¢« AT&T-AMATI (In-Band On-Channel System)
¢ VOA/NASA/IPL (Satellite System)

+ CD-Radio (Satellite System)
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The AT&T-DAR Systems: Primary Characteristics

Based on PAC, the quality leader in low bit rate audio
Leading-edge technology for robust transmission

Three levels of transmission-error protection
Proprictary technologies for equalization and multicarrier modulation

Synchronous and asynchronous channels for ancillary data

The AT&T-DAR Systems: Potential for Enhancement

Increased capacity for audio channels and ancillary data

Finer granularity in terms of demands on continguous RF space
Extended coverage due to elastic response of audio coder
Merging of IBOC, IBAC and IBRC technologies |




AT&T-IBAC and IBRC Systems: General Description

Based on the Perceptual Audio Coder (PAC)

CD-quality stereo at rate of 160 kbps

In-band off-channel operation in the 88-108 MHz band
Digital transmission rate of 360 kbps on a 200 KHz channel
Three layers of error protection

Advanced algorithms for channel equalization

Synchronous and asynchronous data channels (up to 15 kbps)

Latency of 320-640 msec for full audio quality afler a station switch

AT&T-Amati IBOC System: General Description

Based on the perceptual audio coder (PAC)

CD-quality stereo at rates of 128 to 160 kbps

In-band on-channel operation in the 88-108 MHz band
Primary mode utilizing two RF sidelobes

Secondary mode utilizing one RF sidelobe

Auxiliary Overhead Control (AQC) of transmission mode
Total transmission rates of 216 and 264 kbps in the two modes

DSP algorithms for multicarrier moduiation




Field Testing of AT&T-DAR and AT&T-Audio Technology

WPRB-FM, Princeton 103.3 (Jan-Feb 1994)
TBAC and 1BOC Systems, Point-to-Point and Mobile

CD-RADIO, Washington, DC (1993-94)
Satellite-DAR with 128 kbps PAC

NASA-JPL (1994)
Satellite-DAR with 160 kbps PAC:
DAB-Symposium, Toronto; TDRS Experiment

EIA-NRSC (1995)
San Francisco: IBAC, IBRC and IBOC Tests

Trenton, New Jersey (1995)
IBRC and IBOC Tests at 89.1 MHz

AT&T-DAR System: Over-the-Air Field Test (Princeton, 1994)

103.3 MHz, WPRB class B station (licensed with 14 KW) Princeton, NJ

Non-co-location 1st adjacent channel broadcasting test at 103.3 MHz with 103.5 MHz
being the 1st adjacent channel at New York City (46.6 miles away)

Several DAR transmission power levels were used (6.6 W to 6.7 KW ERP)

For stationary receiving tests, DAR transmission power levels were varied between 6.6 W
and 6.7 KW

For mobile receiving tests, 666 W and 6.7 KW were the two DAR transmission power
levels used »




Trenton, NJ Field Test for AT&T IBRC and AT&T-Amati IBOC Systems

Over-the-air field tests for IBRC and IBOC systems

Broadcast frequency of 89,1 MHz

Field tests to be carried out between the months of March and of May 1995
Demonstration of stationary as well as mobile performance of DAB

Linear Power Amplifier

Procured from CCA Electronics, Inc.
High reliability and low noise
Continuous power rating of 30 KW
Intermodulation Distortion: -60 dB
AM Noise: -55 dB



EIA/NRSC Field Test for AT&T-Amati IBOC System

KABL Channel 251 (98,1 MHz) at Mt. Beacon, San Francisco
Simultaneous operation of FM and DAB channels
Composite power (host FM + DAB) of 20 KW ERP (current FM level: 82 KW)

EIA/NRSC Field Test for AT&T IBAC System

AT&T IBAC will be tested as a second adjacent channel in field test

Channel 245 (96.9 MHz) will be used at Mt. Beacon, San Francisco
The two co-channels are KSEG of Sacramento and KWAYV of Monterey

Channel 245 is a second adjacent channel to KRQR (Channel 247, 97.3 MHz)
IBAC transmitter will be co-located with KRQR transmitter
The proposed IBAC transmitter power is 5.0 KW ERP

Co-channel interference will be minimum, as per Cleveland laboratory tests

.




EIA/NRSC Field Test for AT&T IBRC System

AT&T IBRC will be tested as an FM replacement channel

KABL Channel 251 {98.1 MHz) at Mt. Beacon is proposed as test station
During IBRC DAB field test, the FM channel will be off the air

IBRC transmitter power will be 20 KW ERP (current FM level: 82 KW)
- There should not be any channel interference from IBRC

Audio Broadcasting:
Qualitative Description of Service Quality

Audio
Quality

Analog FM

Channel Quality
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Status Report on PAC and MPAC:
Perceptual Audio Coders from AT&T

Nikil Jayant
Head, Advanced Audio Technology
AT&T Bell Laboratories
Murray Hill, New Jersey 07974

Abstract

The perceptual audio coder (PAC) is a powerful psychoacoustic algorithm that provides
high-quality CD stereo at compression ratios exceeding 10:1. This capability of the PAC
algorithm is critically needed for providing high-quality audio services in bandwidth-limited
applications such as ISDN music delivery, digital audio broadcasting and multichannel sound
for advanced television. Currently, the PAC algorithm addresses these applications with
respective transmission rates of 64 kbps (stereo}. 128 kbps (stereo) and 320 kbps {(five

channels). This paper provides a status report on PAC and its current applications.

Introduction

Following its contribution to the MPEG-1 Audio Standard {1,2], in particular to its lowest
bit rate version {Laver 3), AT&T Bell Laboratories proceeded with the creation of a new
coding algorithm that was particularly suited for compression ratios on the order of 10:1
or higher - for example, coding of the 1411 kbps CD-stereo signal at rates on the order of
128 kbps. The fundamental needs of such a design, as dictated by considerations of signal
processing psychoacoustics and coding, caused ao inevitable divergence from the MPEG-1
audio format.

Recently, following the successful implementation and application of the stereo PAC
algorithin in DAB experiments in the United States, the PAC algorithm was brought back
into the MPEG standardization process as a non-backward-compatible (NBC) system in
the MPEG-2 process for the coding of 5-channel audio. A rigorous subjective test of various
backward-compatible (BC) and NBC systems was undertaken as part of the MPEG-2 work.

In this test, the multichannel PAC algorithm (MPAC) emerged as the leading contender




for a new MPEG-2 standard. This paper is a status report on the sterco PAC coder {as
applied to the DAB standard process in the United States), and the MPAC coder (as used
in the ongoing MPEG?2 process).

Section 1 describes the sterco PAC algorithm. Section 2 suminarizes its rate in the

DAB process. Section 3 reviews the still-evolving MPAC algorithm. Scction 4 comments

on future work on PAC, MPAC and their extensions.

1 The Stereo PAC Algorithm

The PAC algorithm [3,4] is based on transform coding of audio signals using perceptual noise
criteria. a technique that was pioneered at AT&T Bell La.boratéries [3]. The perceptual
audio cocer is a psychoacoustically driven system based on empirical, but well-calibrated
rules for utilizing the phenomenon of noise-mnasking. The principle of stmultaneous or
frequency-domatn masking defines a.just-noticeable-diétortion (IND) profile (Figure 1) below
which quantization noise (say, due to compression) cannot be perceived. The JND profile is
a reflection of the fact that a signal can mask a weaker signal in its frequency vicinily, even
when the difference between the levels of the two signals is not substantial. The principle of
non-simultaneous, or time-domain masking (Figure 2a) utilizes the masking of the weaker
signal in the fime-vicinity of the stronger signal. All psychoacoustic coders attempt to
utilize the above phenomenon, but the effective use of masking depends on the accuracy
of the psychoacoustic model and on how well the signal-analysis framework facilitates the
application of that model for coding.

The JND model in the PAC algorithm is currently based on an input-dependent intey-
polation between well-known models for noise-masking-tone and tone-masking-noise, com-
bined with additional, masking terms which reflect the spread of masking beyond the critical
band (staircase tread in Figure 1) that contains the masker.

The phenomenon of temporal masking is maximized in PAC by means of input-dependent
switching between long and short blocklengths for frequency-analysis (Figure 2b). Tran-
sitional segments tend to be analyzed with a shorter blocklength in the MDCT (modified
discrete cosine transforin). As mentioned, block switching is input-adaptive, and it is based
on a carefully designed psychoacoustic criterion.

Another unique feature of PAC is the method used for the joint-coding of the left
(L) and right (R) channels in a stereo pair. The PAC algorithin provides both for the

independent coding of these channels (L and R) and for composite coding that uses the




sum and difference signals (L+R and L-R) as coder inputs. The decision of sterco-coding
mode is flexible, time- and frequency-dependent, and based on psychoacoustic principles
that avoid psychoacoustic artifacts such as noisc-unmasking.

The PAC algorithm finally includes an adaptive entropy coder that further reduces the
total bit rate. Entropy coding and psychoacoustic quantization are jointly performed in an
iterative operation.

A block diagram of the stereo PAC coder appears in Figure 3. Although the stereo
encoder is fairly sophisticated, its design is guided by the need for robust implementation in
current signal processing technology. The stereo decoder is quite simple, and it is currently

implemented on a single general-purpose microprocessor.

2 The Application of PAC to DAB Technology

The United States has begun the process for defining standards for digital audio broadcast-
ing (DAB), also referred to as digital audio radio (DAR). The process includes testing of the
wideband Eureka system, an S-band satellite system, and a number of In-Band systems that
are matched to the basic 200 kHz subdivisiou in terrestrial FM broadcasting. The In-Band
systems are classified into the categories of On-Channe! {IBOC), Adjacent Channel (IBAC)
and Reserved-Channel (IBRC). Figure 4 provides simplified descriptions of In-Band DAR
and FM spectra, and Figure 5 provides an illustration of how the In-Band technologies may
evolve in a system where the space-frequency plan is currently based on fairly well-separated
FM stations.

The performance of the stereo PAC coder at compression ratios on the order of 10:1
makes it an ideal candidate for the audio subsystem of DAR technology. In the USA-DAR
contest, the AT&T systems for IBAC and IBRC broadcasting use PAC at a rate of 160 kbps,
while the AT&T-Amati system for IBOC broadcasting uses PAC at two alternative bit rates:
160 kbps for the double-sidelobe operation (a.'.s in Figure 4), and 128 kbps for single-sidelobe
operation. The satellite system being developed by the Voice of America - NASA - JPL
consortium uses PAC at 160 kbps. Outside of the contest, an experiment satellite system
developed by CD-Radio uses PAC at 123 kbps.

The MPEG-Layer 2 coder is also being tested in the DAR contest, as part of the systems
offered by Eureka and USA-Digital Radio. This coder operates at higher bit rates, up 1o

256 kbps for the stereo pair.



The USA-DAR contest is beinyg administeved jointly Ly the Electionies Industries As-
snciation (E1A) and the National Radio Systems Cowmmittee {NRSC). Laboratory tests
ab the NASA-Lewis Research Center, with subjective tests at the CRC (Commumnications
Resesrel Centre, Canada) are expected to last theough the end of 1994, Fivld testing of
candidate DAR systems are planned for 1995,

The low bit rate capability of the stereo PAC coder is extremely well-matched to the
needs of DAR technology for two fundamental reasons: it permits the use of a grater part of
the 200 kHz capacity for transmission error protection, and it permits the use of a significant
portion of the capacity (or the transmission of additional data services.

In the ATLT-IBAC and ATLT-IBRC systems, the 200 kHz channel carries 360 kbps,
permitting a o o powerful rate-1/2 cede for protecting the PAC bit stream. The DAR
system actually lias three level: <[ error-protection: an initial protection of a few very
critical bits in the initial PAC bic tiream, the rate-1/2 protection of the final PAC bit
ream, and a proprietary error-concealment procedure at the receiver, The concealment
..sorithm addresses occasional black-etror failures (audio mutes) which are caused when
the trausmission chaunel is poor encugh to defeat the combined capability of the error
protection-interleaving-channel egualization system,

The additional data capacity in the DAR system is on the order of 10 to 20 kbps, This
includes synchronous data that are multiplexed to the PAC bit stream as well as asyn-
chronous data that can be added when the (constant-quality, variable-rate) PAC algorithm
does not need the allocated constant coding rate {say 160 kbps) for providing high-quality
reproduction of an audio segment (which is typically about 10 ms long).

3 The Multichannel Perceptual Audio Coder (MPAC)

The 5-channel MPAC coder at 320 kbps is a natural extension of the 2-channe] PAC algo-
rithm at bit rates on the order of 128 kbps.

in a simple version of MPAC, the signal-dependent composite coding algorithm in the
stereo PAC coder is repeatedly applied to pairwise combinations of the five channels (L. R,
C, LS, and RS} at the input of the MPAC algorithm, This results in various sets of JND
threshelds which are either specific to an individual channel or to a channel-pair. Simple
subalgorithms provide coding of 3-channels (L, R, C) or of sterco (L, R).

The MPAC decoder is designed for simple implementation, and the 5-channel decoder

for MT'EG-? testing in 1903 has been implemented ou a single microprocessor.

-

’-
. i‘ .y

Table 1 i3 an excerpt from the subjective tests conducted by Deutsche Telekomn and
the BBC in support of an initial phase of the MPEG-NBC process. Thie purposc of this
test was to demonstrate the need for an NBC part of the MPEG-2 process. The resulis
of Table 1 indeed detmonstrated such a need, and this bas led to the decision to begin a
formnal contest for an NBC standard for multichanne! audio. A second result, also clear
from Table 1, is that the MPAC coder provided the overall best performance at 320 kbps,
with a significant margin over the second best system tested. One of the detailed results
in the test, not apparent in Table 1, is that the MPAC system perforined conspicuously
poorly on one of the 10 audio stimulii tested (fountain-music). This has been addressed
subsequent to the test, and the current version of the MPAC coder has been observed ta be

« more robust across different stimulii. Recent modifications of the MPAC algoritlum have in

fac!'resulted in an even simpler algorithm for encoding and decoding.
4 Future Work

Recent work has shown that PAC and PAC.like algorithms degrade extremely gracelully as
the compression ratio is increased beyond the level of about 10:1 discussed in this paper.
In particular, compression ratios on the order of 20:1 will be very significant for emerging
applications such as MPEG4 audio and the next generation of FM-band and Al-band
broadcasting. Work on these extensions of PAC are in progress and will be reported in due

course. At that time, we also plan to provide reports on real-time implementations of the
AMPAC codec.
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BUREKA 147/DAB SYSTEM DRSCRIPTION

1. Introduction

The Eureka 147 DAR System is designed to provide high-quality,
multi-service digital radio broadcasting for reception by vehicular, portable
and fixed receivers. It is designed to operate at any frequency up to 3000 MHz
for terrestrial, satellite, hybrid (satellite and terrestrial), and cable
broadcast delivery. The Systeam is also designed as a flexible, general-purpose
Integrated Services Digital Broadcasting (ISDB) system which can support a wide
range of source and channel coding options, sound-programme associated data and
independent data services, in conformity wvith the flexible and broad-ranging
service and system requirements given in CCIR Recommendations 789 and 774,
supported by Reports 1203-2 and 955-3.

The system is a rugged, yet highly spectrum and pover-efficient sound
and data broadcasting system. It uses advanced digital techniques to remove
redundancy and perceptually irrelevant information from the audio source signal,
then it applies closely-controlled redundancy to the transmitted signal for
error correction. The transmitted information is then spread in both the
frequency and time domains so a high quality signal is obtained in the DAB
receivers, even when vorking in conditions of severe multipath propagation,
vhether stationary or mobile. Efficient spectrum utilization is achieved by \
interleaving multiple programze signals and a special feature of frequency Ff
re-use permits broadcasting networks to be extended, virtually without limie, H@i;
using additional transmitters all operating on the same radiated frequency.

A conceptual block diagram of the emission part of the System is shown

in Fig. 1.

2. Use of a layered model

The System is capable of complying wvith the IS0 Open Systen
Interconnection (OSI) basic reference model described in IS0 7498 (1984). The
use of this model is recommended in draft nev Recommendation 11/67 and Report
1207, and a suitable interpretation for use with layered broadcasting systems is
given in the Recommendation. In accordance vith this guidance, the System will
be described in relation to the layers of the model.

Descriptions of many of the techniques involved are most eagily given
in relation to the operation of the equipment at the transmitter, or at the
central point of & distribution netvork in the cage of a netvork of
transmitters.

The fundamental purpose of the System is to provide sound programmes to
the radio listener, so the order of sections in the folloving description vill
start from the application layer (use of the broadcast information), and proceed
dovnvards to the physical layer (the means for radio transmission).
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3. Application layer

This layer concerns the use of the System at the application level, 1t
considers the facilities and audio quality vhich the System provides and vhich

broadcasters can offer to their listeners, and the different transmission
todes.

3.1 Pacilities offered by the System

The System provides a signal vhich carries a multiplex of digital data,
and this conveys several programmes at the same time. The nultiplex contains
audio programme data, and ancillary data coapriging Programme-Associated Data
(PAD), Multiplex Configuration Information (MCI) and Service Information (SI).
The multiplex may also carry general data services which may not be related to
the transmission of sound pProgrammes.

In particular, the following facilities are made available to users of
the System:

a) the audio signal (i.e. the programme) being provided by the selected programme
service (i.e. the broadcaster’s channel, carrying a succession of pProgrammes)
on that occasion,

b) the optional application of receiver functions, for exanple dynamic range
control, which bay use ancillary data carried vith the programme,

¢) a text digplay of selected information carried in the SI. This may be
information about the selected pProgramme, or about others vhich are available

d) options vhich are available for selecting other programmes, other receiver
functions, and other 5T,

e€) one or more general data services, for example a Traffic Message Channel
(TMC).

The System includes facilities for conditional access, and a receiver
can be equipped with digital outputs for audio and data signals.

3.2 Audio quality

and, for each, the presentation format (e.g. stereo, mono, surround-sound,
etc.), the audio quality and the degree of error protection (and hence
ruggedness) can be chosen to meet the needs of the broadcasters.

The following range of options is available for the audio quality:

a) very high quality, sufficient for audio Post-processing,

b) fully transparent quality, sufficient for the highest quality broadcasting,
¢) high quality, equivalent to good FM service quality,

d) medium quality, equivalent to good AM service quality,

€) speech-only quality.




The System provides full quality reception vithin the limits of
transmitter coverage; beyond these limits reception degrades in a subjectively

graceful manner.

3.3 Transmission modes

The System has 3 optional transmission modes wvhich allov the use of
a vide range of transmitting frequencies up to 3 GHz. These transmission modes
have been designed to cope with Doppler spread and delay spread, for mobile
reception in presence of multipath echoes.

The folloving table gives the constructive each delay and nominal
frequency range for mobile reception. The noise degradation at the highest
frequency and in the most critical multipath condition occuring infrequently in
practice is equal to 1 dB at 60 eph.

Parameter Mode I Mode II Mode III
Guard interval duration 250 us 62.5 us 31.25 us
Constructive echo delay up to: 300 us 75 us 37.5 us
Nominal frequency range
(for mobile reception) up to: 375 uHz 1.5 GHz 3 GEz
A= (.3 m) (.2 M) '(,( /».)

From this table, it can be seen that the use of higher frequencies
imposes a greater limitation on the maximum echo delay. HMode I is most suitable
for a terrestrial single-frequency netvork (SFN), because it allovs the greatest
transmitter separations. Mode II is most suitable for local radio applications
requiring one terrestrial transmitter, and hybrid satellite/terrestrial
transmission. However, Mode II can also be used for a eedium-to-large scale SFN
(e.g. at 1.5 GBz) by inserting artificial delays at the transmitters and by using
directive transmitting antennas. Mode III is most appropriate for cable,
satellite and complementary terrestrial transmission, since it is able to operate
at all frequencies up to 3 GHz and for mobile reception.

4. Presentation layer

This layer concerns the conversion and presentation of the broadcast
information.

4.1 Audio source encoding

The audio source encoding method used by the System is ISO/IEC MPEG-
Audio Layer II, given in the IS0 Standard 11172-3. This sub-band coding
compression system is also known as the MUSICAM system.

The System accepts a number of PCM audio signsls at a sampling rate of
48 kEz with programme-associated data (PAD). The nuamber of possible audio
sources depends on the bit rate and the error protection profile. The audio
encoder can wvork at 32, 48, 56, 64, 80, 96, 112, 128, 160 or 192 kbit/s per
monophonic channel. 1In stereophonic or dual channel mode, the encoder produces
tvice the bit rate of a mono channel.




The different bit-rate options can be exploited by broadcasters
depending on the intrinsic quality required and/or the number of sound .
programmes to be provided. Por example, the use of bit-rates greater than or
equal to 128 kbit/s for mono, or greater than or equal to 256 kbit/s for a
Stereo programme, provides not only very high quality, but also some processing
margin, sufficient for further multiple encoding/decoding processes, including
audio post-processing. FPor highequality broadcasting purposes, a bit-rate of
128 kbit/s for mono or 256 kbit/s for stereo is preferred, giving fully
transparent audio quality. Even the bit-rate of 192 kbit/s per stereo programme
generally fulfils the EBU requirements for digital audio bit-rate reduction
sSystems. A bit-rate of 96 kbit/s for mono glives good sound quality and )
48 kbit/s can provide roughly the same quality as normal AM broadeasts. For
Some speech-only programmes, a bit-rate of 32 kbit/s may be sufficient vhere the
greatest number of services is required vithin the DAB multiplex.

A block diagram of the functional units in the audio encoder is given
in Fig. 2. The input PCM audio sazples are fed into the audio encoder. One
encoder is capable of processing both channels of a stereo signal, although it
may, optionally, be presented with'a mono signal. A polyphase filter bank
divides the digital audio signal into 32 sub-band signals, and creates a
filtered and Sub-sampled representation of the input audio signal. .The filtered
samples are called sub-band samples, A perceptual model of the human ear
creates a set of data to control the quantizer and coding., These data can be
different, depending on the actual implementation of the encoder. One
possibility is to use an estimation of the masking threshold to obtain these
quantizer control data. Successive samples of each sub-band signal are grouped
into blocks, then, in each block, the maximus amplitude attained by each
sub-band signal is determined and indicated by & scale factor. The quantizer
and coding unit creates a set of coding vords from the sub-band samples. These
Processes are carried out during IS0 audioe frames, vhich will be described in

the Netwvork layer,

4.2 Audio decoding

Decoding in the receiver ig straightforvard and ‘economical using a
simple signal processing technique, requiring only de-multiplexing. expanding
and inverse-filtering operations. A block diagram of the functional units in

the decoder is given in Fig. 3.




PCM
audio samples Coded
48 kHz 'audlorl
Filterbank quantizer frame | Dilstrea o | Formatter |—»
J = and {—%- ackin
32 subbandy | coding p g
—= psychoacqusﬁu—’ Bit allecation 180 11172-3
model T Layer i

Fig. 2 - Block diagram of the basic DAB audio encoder

frame inverse

—— [ Reformatter | — 8~ unpacking == reconstruction—s=| fitarbank —
P 32 subbands oo

DAB coded SO 111723 Audio Sampleq

e stue SO 11172-3 Ak

Layer il

Fig. 3 - Block diagram of the basic DAB audio decoder.




The IS0 audio frame is fed into the ISO/HPEG-Audio Layer II decoder,
which unpacks the data of the frame to recover the various elements of
information. The reconstruction unit reconstructs the quantized sub-band
samples, and an inverse filter bank transforms the sub-band samples back to
produce digital uniform PCM audio signals at 48 kHz sampling rate.

4.3 Audio presentation

Audio signals may be presented monophonically or stereophonically, or
audio channels may be grouped for surround-sound. Programmes may be linked to
provide the same programme simultaneously in a number of different languages.
In order to satisfy listeners in both Hi-Fi{ and noisy environments, the
broadcaster can optionally transmit a Dynamic Range Control (DRC) signal in the
receiver in the noisy environments to compress the dynamic range of the
reproduced audi¢ signal. Note that this technique can also be beneficial to
listeners vith impaired hearing.

4.4 Presentation of service information

Vith each programme transmitted by the System, the folloving elements
of SI can be made available for display on a receiver:

- basic programme label (i.e. the name of the programme)

- time and date

- cross-reference to the same, or similar programme (e.g. in another language)
being transmitted in another DAB signal or being simulcast by an AM or FM
service

extended service label for programme-related services

programme label (e.g. the names of performers)

language

programme type (e.g. nevs, sport, music, ete.)

transmitter identifier

Traffic Message Channel (THMC, which Ray use a speech synthesiser in the
receiver).

Transmitter network data can also be included for internal use by
broadcasters.

5. Session layer

This layer concerns the selection of, and access to, broadcast
information.

3.1 Programme selection

In order that a receiver can gain access to any or all of the
individual services with a minimum overall delay, information about the current
and future content of the multiplex is carried by the Past Information Channel
(FIC). This Information is the MCI, vhich is machine-readable data. Data in
the FIC are not time-interleaved, so the MCI does not suffer the delay i{nherent
in the time-interleaving process applied to audio and general data services.
Hovever, these data are repeated frequently to ensure their ruggedness. Vhen
the multiplex configuration is about to change, the newv information, together
with the timing of the change, is sent in advance in the KCI.




“he uger of a receiver can select programmes on the basis of textual
infcrmation carried in the SI, using the programme service identity, the
programme type identity or the language. The selection is then implemented in
the receiver using the corresponding elements of the MCI.

. If alternative sources of a chosen programme service are available and
an original digital service becomes untenable, then linking data carried in the
SI (i.e. the ‘cross reference’) may be used to identify an alternative (e.g. on
FM service) and svitch to it. However, in such a case, the receiver will switch

back to the original service as soon as reception is possible.

5.2 Conditional access

Provision is made for both synchronization and control of conditional
access using information contained in the PAD.

6. Transport layer

This layer concerns the identification of groups of data as programme
services, the multiplexing of data for those services and the association of

elenents of the multiplexed data.

6.1 Programme services

A programme service is the group of one or more programmes which are
being broadcast by a service provider (i.e. a broadcaster) at any given time,
The vhole capacity of the multiplex may be devoted to one programme service
(e.g. broadcasting five or six high-quality sound programmes), or it may be
divided amongst several programme services.

6.2 Main service multiplex

Vith reference to Fig. 1, the data representing each of the programmes
being broadcast (digital audio data with some ancillary data, and maybe also
general data) are subjected to convolutional encoding (see Section 9.1) and
time-interleaving, both for error protection. Time-interleaving improves the
ruggedness of data transmission in a changing environment (e.g. reception by a
moving vehicular receiver) and imposes a predictable transmission delay. The
interleaved and encoded data are then fed to the main service nultiplexer vhere,
each 24 ms, the data are gathered in sequence into the sultiplex frame. The
combined bit-stream output from the multiplexer is knowvn as the Main Service
Channel (MSC) vhich has a gross capacity of 2.3 Mbit/s. Depending on the
choosen code rate (vhich can be different from one application to another), this
gives a net bit rate ranging from approximately 0.8 to 1.7 Mbit/s, through a 1.5
MHz bandvidth. The main service multiplexer is the point at vhich synchronized
data ﬁrou all of the programme services using the wultiplex are brought
together.

General data may be sent in the MSC as an unstructured stream or
organized as a packet multiplex vhere several sources are combined. The data
rate may be any multiple of 8 kbit/s, synchronized to the System multiplex,
subject to sufficient total multiplex capacity, taking into account the demand
for audio services.




e

The Fast Information Channel (FIC) is external to the MSC and is not
time~-interleaved.

6.3 Ancillary data

There are three areas vhere ancillary data may be carried within the
System multiplex: y

“Cast TAfarmedinn Clyandd
a) the FIC, which has limited capacity, depending on the amount of essential

MCI included, “E%o?nm hepciodd Doke”

b) there is special provision for a moderate amount of PAD to be carried within
each audio channel,

c¢) all remaining ancillary data are treated as a separate service within the
MSC. The presence of this information is signalled in the MCI.
“Modn avive chomwd , “d M laae Canfegon edion
6.4 Association of data Tnfrrmafde”

A precise description of the current and future content of the MSC is
provided by the MCI, which is carried by the FIC. Essential items of SI which
concern the content of the MSC (i.e. for programme selection) must also be
carried in the PIC. More extensive text, such as a list of all the day’s
programmes, must be carried separately as a general data service. Thus, the MCI
and SI contain contributions from all of the programme services using the
multiplex, describing all of the progranmes being broadcast.

The PAD, carried wvithin each audio channel, comprises msinly the
information vhich is intimately linked to the sound programme and therefore
cannot be sent in a different data channel which may be subject to a different
transmission delay.

7. Netvork layer

This layer concerns the identification of groups of data as programmes,

7.1 IS0 audic frames

The processes in the audio source encoder are carried out during ISO
audio frames of 24 ms duration. The bit allocation, which varies from frame to
frame, and the scale factors are coded and multiplexed with the sub-band samples
in each IS0 audio frame. The frame packing unit (see Fig. 2) assembles the
actual bit stream from the output data of the quantizer and coding unit, and
adds other information, such as header information CRC wvords for error
detection, and PAD, vhich travel along vith the coded audio signal. Bach audic
channel contains a PAD channel, having a variable capacity (generally at least 2
kbit/s), vhich can be used to convey information which is intimately linked to
the sound prograsme. Typical examples are lyrics, speech/music indication and
DRC information.

The resulting audio frame carries data representing 24 ms duration of
stereo (or mono) audio, plus the PAD, for a single programme and complies wvith
the IS0 11172.3 Layer IT format, so it can be called an IS0 frame., This allovs
the use of an ISO/MPEG-Audio Layer II decoder in the receiver.




8. Data link layer

This layer provides the means for receiver synchronization.

8.1 The transmission frame

In order to facilitate receiver synchronization, the transmitted signal
is built up with a frame structure having a fixed sequence of symbols (see
Section 9.2). Each transmission frame begins wvith a null symbol for coarse
synchronization (vhen no RF signal is transmitted), followed by a fixed
reference symbol to provide fine synchronization, AGC, AFC and phase reference
functions in the receiver. The next symbols are reserved for the PIC, and the
remaining symbols provide the MSC. The total frame duration T, i3 either 96 ums
or 24 ms, depending on the transmission mode as given in Table below:

Mode I Mode II Mode III

{377 mnx) (1.5 GHz) (3 GH)
Te 96 ms 24 nms 24 ms
Twore 1 ns 250 us 250  us
7T 1.25 ms 312.5 us 156.25 us
- t, 1 ns 250 us 125 us

b xS 1536 384 192

Gued (ks 250 mse (7.5 ,uc 31,25 g

The following notation is used:
Twyrr is the null symbol duration
t, is the useful symbol duration
N is the number of radiated carriers

Bach audio service within the MSC is allotted a fixed time slot in the
frame.

9. The physical layer

This layer concerns the means for radio transmission; the modulation
scheme and the associated error protection.

9.1 Convolutional encoding

Convolutional encoding is applied to each of the data sources feeding
the multiplex to facilitate error correction in receivers. The encoding process
involves adding deliberate redundancy to the source data bursts using a
constraint length of 7. This gives ‘gross’ data bursts.




In. the case of an audio signal, greater protection ig given to some
source-encoded bits than others, folloving a preselected pattern known as the
Unequal Error Protection (UEP) profile. The average code rate, defined as the
ratio betveen the number of source-encoded bits and the number of encoded bits
after convolutional encoding, may take a value from 1/3 (the highest protection
level) to 3/4 (the lowest portection level). Different average code rates can
be applied to different audio Sources, subject to the protection level required
and the bit-rate of the source-encoded data. For example, the protection level
of audio services carried by cable networks may be lover than that of services

transmitted in radio-frequency channels.

General data services are convolutionally encoded using one of a
selection of uniform rates. Data in the FIC are encoded at a constant 1/3 rate.

9.2 Modulation by COFDM

The System uses a modulation scheme known as Coded Orthogonal Frequency
Division Multiplex (COFDH). This scheme meets the exacting requirements of high
bit-rate digital broadcasting to mobile, portable and fixed receivers,
especially in multipath environments.

The basic principle consists of dividing the information to be
transmitted into a large number of bit-streams, having lov bit-rates
individually, vhich are then used to modulate individual sub-carriers. The
corresponding symbol duration becomes larger than the delay spread of the
transmission channel. Therefore, provided that a temporal guard interval is
inserted betveen successive symbols, channel selectivity and multipath
propagation will not cause inter-symbol interference. The large number of
sub-carriers is known, collectively, as an ensemble.

In the presence of multipath propagation, some of the carriers are
enhanced by constructive signals, vhile others suffer destructive interference
(frequency selective fading). Therefore, the System includes a redistribution
of the elements of the digital bit stream, such that sSuccessive source samples
are affected by independent fades. Vhen the receiver is stationary, the
diversity in the frequency domain is the only means to ensure successful
reception; the time diversity provided by tine-interleaving does not assist a
static receiver. For the System, multipath propagation is a form of
space-diversity and is considered to be a significant advantage, in stark
contrast to conventional FM or narrow~band digital systems where multipath
propagation can completely destroy a service.

In any system able to benefit from multipath, the larger the
transmission channel bandvidth, the more rugged the system. In the system, an
ensemble bandwidth of 1.5 MHz ig used to secure the advantages of the wideband
technique as vell as to allow planning flexibility. The table above also
indicates the number of COFDM carriers vithin thisg bandvidth for each
transmission mode. The long and short pover spectra are shown in the Fig. 4.

significantly reduced.




Fig.4: Short and long term DAB signal spectra
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Another benefit is that all types of receiver (e.g. portable, home,
vehicular) may utilize a simple, non directional antenna.

9.3 Energy dispersal

In order to ensure appropriate energy dispersal in the transmitted
signal, the individual sources feeding the multiplex are scrambled.

10. System implementation plan

The System has been intensively tested and demonstrated, jointly with
the EBU, in America and in Europe, since 1988. The design of the integrated
circuits for the receiver began in 1990, and the first service to the public is
planned to begin in Summer 1995 in Europe. Experimenal broadcast gignals are
regularly on air in the VAF and UBF broadcasting bands in several countries in
Europe. The System is currently being standardized by the European
Telecommunications Standards Institute.

11, Specific frequency for testing

As indicated in Section 3.3, the System has 3 transmission modes which
allov the use of a wide range of transmitting frequencies up to 3 GHz for mobile
reception. Higher frequencies may be used for fixed or portable reception.

For EIA testing, operation in the 1452-1492 MHz is desired.

Hovever, the equipment can operate in VEF and UBF bands as previously
comaunicated to the EIA and test results are already available.

12. Data rate and structure

The hardvare submitted to EIA testing vill cperate with a sample set of
the many possible multiplex configurations. The multiplex configuration
considered is the following:

Source Net bit rate Channel code Gross bit rate kHz/channel

rate
Stereo prog. 1 256 kb/s 0.57 450 kb/s 300
Sterec prog. 2 224 kb/s 0.50 450 kb/s 300
Stereo prog. 3 224 kb/s 0.60 370 kb/s 250
Stereo prog. 4 192 kb/s 0.51 370 kb/s 250
Stereo prog. 5 192 kb/s 0.62 310 kb/s 200
Mono prog. 6 64 kb/s 0.5 128 kb/s 85
Data service 1 64 kb/s 0.5 128 kb/s 85
Data service 2 24 kb/s 0.37 64 kb/s 43

The source bit rate of each audio signal permits about 2 kbit/s
Programme Associated Data capacity for each programme, as vell as specific error
protection data. _




TABLE 2: LIST OFP SPECIFIC INFORMATION NEEDED FOR DAR SYSTEM TESTING

1. Pover measurement

The transmitted signal is shaped in such a way that the difference betveen
the peak pover and the average pover is approximately 8 dB.

This is achieved by digital processing in the transmitter. The average
pover should be measured by a calorimetric method, whereas the peak powver can be
deduced from the peak-voltage measurements at IF using a fast storage oscilloscope;
this is well knowvn to be an accurate method.

2. Multipath and coverage improvements methods

The method to minimize multipath interference is described in Section 9 of
the previous system description.

Additional information is provided in the following:

Some types of diversity techniques are vell-known in the field of digital
communication in the frequency-selective Rayleigh channel, such as the mobile radio
channel. These are mainly time, frequency and space diversity techniques.

Takle 1 indicates the relation betveen the type of channel and the
si-ap2117y of such diversities used by the systea.

Table 2 recalls the system features alloving for the use of these
diversity techniques.

TABLE 1
Diversity Time diversity Frequency Space diversity Space diversity
diversity on the netvork at the receiver
Channel type side
Rural area available vhen moderate vhen / available
receiver in delay spread optionally with
moticn x Bv is multiple
small (flat antennas
fading) receiver
Urban area available vhen generally available available
receiver in available, vhen using optionally vith
motion especially gap filling multiple
vhen using antennas
gap filling receiver
Single frequency available alvays alvays available
netvork available available optionally wvith
vhere especially multiple
necessary vhere antennas

necessary receiver




TABLE 2

Type of diversity Associated feature
Time diversity - convolutional coding + time interleaving
Frequency diversity and - guard interval
space diversity - convolutional coding + frequency interleaving

It can be seen from Table 1, that, as soon as gap-filling or
single-frequency networking are used, the space diversity becomes available on the
netvork side. This means that spacially distributed transmitters contribute by
pover adding to the received signal. As generally the position of these
transmitters is not concentrated in only one direction, this feature is very useful
to avoid a complete shadoving vhen a obstacle (building, hill) is masking the
signal in a given direction of the horizontal plane.

On the other hand, vhen the receiver is close to a given transmitter of the
netvork, this space diversity is not needed because the vicinity of the transmitter
implies high signal-to-noise ratio.

The simultaneous contribution of these various diversity techniques makes
the system very robust and efficient for digital audio broadcasting of high-quality
sound vith a continuity of service ingide the coverage area. This feature vas
predicted by simulation studies, and confirmed by numerous on-air experiments in
Europe and in America.

As far as echoes can be resolved (separated) in relation to the system
bandvidth (1.5 MHz), their povers add fully constructively as long as their delays
are shorter than the guard interval duration; vhen an echo, natural or artificial,
is delayed by more than the guard interval duration, a part of its pover remains
useful vhile the couplementary part becomes interfering, vith vhite gaussian noise
characteristics.,

3. Prequency band and bandvidth

The signal for testing should be included in the band 1452-1492 MHz. The
signal bandvidth is 1.5 MHz,

The system is rugged against co-channel interferers, especially narrov-
band or narrov-band-like interferers, as vell as impulgive noise.

As far as adjacent channel interferers are concerned, the filtering
capability of the system is the conjunction betveen analog filtering and rectangular
filtering (1.5 MHz) of the PFT in the receiver. This means that guard bands are
theoretically required only when the adjacent interferer is received at a much
higher level than the vanted signal.




4. Co-channel/adjacent channel testing (.~

Efforts will be done to provide possibly a second transmitter for DAR to ~
protection ratio measurements.

Hovever, it has already been proven that the characteristics of an
uncorrelated DAR interferer are those of a Gaussian noise, white over 1.5 MHz

bandwidth.

3. System signal acquisition response

Vhen svitching on & receiver, the delay to obtain an audio response is less
than 0.5 second. This delay includes the time and frequency synchronization of the
receiver and the memory d:z.ay for time deinterleaving.

Vhen a receiver is already synchronized and the average C/N falls below the
limit of audio signal availability, the synchronization will still remain available
up to a value approximately 10 dB below this threshold, and there will be no
extra-delay for resynchronization vhen the received pover is back to the threshold of
availability of the audio signals. - '

6. Program content restrictions

This point does not apply.

7. BRF system interacticn wvith DAR system

The hardvare provided for testing vill include a receiving antenna, matched
to the L-Band range; this antenna is a "lambda over 4" antenna including a band-pass
filter and an active preamplifier. :

It is also intended to supply transmitting RF hardvare and antenna, as
appropriate for EIA test requirements.

8. Test system physical parameters

Transmitter equipment:

- Source encoders rack: 19" - 6 U 15 kg
analog and BBU/AES inputs

-~ Channel encoder : 9" -6 U 10 kg

~ Analog =modulator s 19" -3y 6 kg
coaxial RF output 50 ohms; - 5 dBm

- Synthesizer for transposion: 19" -~ 3 U 15 kg

-~ Pover amplifier and antenna: dependent on test requirements

Total consumption: 220 Volts 400 Vatts max.
(Without pover amplifier) (

Receiving equipment: 1 rack + cable + antenna

Size: Height: 31 cm, Width: 23 cm, Depth: 40 cm
Veigth: 12 kg, consumption 12 to 28 Volts DC, 70 Watts




9. Service range and system response

The protection given by the convolutional code (see Section 9 of the system
description) is optimized in such a way that greater protection is given to some
audio bits, more sensitive to errors, following a preselected pattern known as an
unequal error protection profile. This results, in conjunction vith adequate audio
concealment, in a subjective graceful degradation of the audie signal, at the limit

of the coverage area.

This coverage limit depends on the choice (made by the broadcaster) of the
redundancy added to the source data by the convolutional encoder. The code rate
ranges betveen 1/3 and 3/4, but for the available hardvare, not all possibilities are
implemented (see System description). The performance of the system is dependent on
the averaged value (over approx. 1/3 second) of the C/N+I ratios, where:

C is the total useful pover of all echoes (as defined in point 2)

N ig the noise pover
I is the total interfering power of the echoes exceeding the guard interval.

Furthermore, in the multiplex control data included in the FIC (see system

description), provision is made for data linking the DAR programmes to alternative FH
frequencies vhere the same programmes might be available.

10. System application limitations

Section 3.3 of the system description indicates as a function of the
transmission mode used, the constructive echo delay range and the nominal
transmission frequency range for mobile reception.

Parameter Mode I Mode II Mode III
Constructive echo delay up to: 300 us 75 us 37.5 us
Nominal frequency for mobile
reception up to: 375 MEHz 1.5 GHz 3 GHz

At the maximum frequency, the noise degradation in the most critical
multipath conditions, vhich rarely occurs, is equal to 1 dB at approximately
60 mph.

It should be noted that in special receiving conditions, as in aircrafe
reception, the multipath situation is often not critical in the sense that the
Doppler effect is not frequency dispersive, so that the above mentioned
restrictions in upper frequency and speed do not apply.

Vhen time interleaving is becoming useless due to very low speed, the
frequency diversity obtained through the use of a 1.5 MHz bandvidth is used,
thanks to frequency interleaving, to combat wide and deep fades.
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AM IBOC DAB SYSTEM DESCRIPTION

USA DIGITAL RADIO

332 South Michigan Avenue
Suite 605
Chicago, Illinois 60604

1.0 INTRODUCTION

USA Digital Radio was founded by broadcasters for the purpose of developing cost-effective
backwards-compatible systems for the deliver of in-band on-channel (IBOC) digital audio
broadcasting (DAB) in order to introduce compact disc (CD) quality broadcast radio while preserving
the infrastructure and investment of the broadcast industry as well as its heritage. The infrastructure
~ and heritage that help constitute broadcasting today is most apparent in the industry's AM segment.

AM offers DAB the often overlooked advantage of favorable and extensive radio propagation
characteristics. AM also offers DAB a readily available network of broadcasting facilities, including
directional and nondirectional antenna towers and arrays, in place and operational at this time. The
potential for delivering IBOC DAB in the AM band is too often dismissed due to potential technical
challenges such as limited allocation bandwidth, interference due to market saturation and antenna
pattern bandwidth considerations. However, USA Digital Radio has taken the position that both the
infrastructure and the heritage of the AM broadcast industry are of a value that justifies meeting the
technical challenges necessary to make AM IBOC DAB practical and realizable.

This paper describes the USA Digital Radic AM IBOC DAB system. The system is described in
terms of its source encoding, ancillary data capability, forward error correction and its modulation.
These are illustrated in the system block diagram shown in Fig. 1. This block d1agram shows both
the analog signal path, above, and the digital signal path, below.

(c) Copyright 1990-1995 USA Digital Radio. All Rights Reserved. 1



2.0 SYSTEM DESCRIPTION

2.1 AUDIO SOURCE ENCODING AND ANCILLARY DATA CHANNEL

Key to the realization of IBOC DAB in limited AM band allocations is & powerful source
compression algorithm. The audio source encoding scheme for the USADR AM IBOC-DAB system
is based on MUSICAM" which is in turn based on the ISO/MPEG Audio Layer IT (ISO 11172-3)
standard for sub-band encoding. The standard has been advanced through the development of the
psychoacoustic model to the point where music may be transcoded at a rate of 96 kbps in order to
reproduce 16 bit stereo at a 15 kHz audio bandwidth. The resulting 96 kbps bit stream includes, in
addition to compressed music, a 2.4 kbps ancillary data stream. The compression of music to 96 kbps
enables broadcasting of DAB over the narrow bandwidth available to the AM-DAB allocation.

2.2 FORWARD ERROR CORRECTION

Forward error correction is realized at rate 3/4. The addition of 32 kbps per second of forward error
correction overhead brings the modulation data rate up to 128 kbps. The bit error rate profile in the
mobile environment has been found to be bursty in nature, An interleaver of 480 ms duration is used
to more evenly distribute error bursts in time.

Data presented in each MUSICAM frame is not protected uniformly. A small degree of coarse
prioritization is applied to each MUSICAM compressed data frame. As a consequence, the highest
degree of error protection is applied to the MUSICAM header. Successively lower degrees of error
protection are applied to the sub-band sample exponents and mantissas. The average rate of error
protection is rate 3/4.

23 MODULATION

One of the most significant challenges in the implementation of AM IBOC DAB is the transmission
of 128 kbps through the limited bandwidth AM allocation. The USADR AM IBOC DAB modulation
spectrum is iHlustrated in Fig. 2. Fig. 2 shows the spectrum of the host analog as well as that of the
digital against the FCC spectral allocation mask in the background. Complicating the challenge of
high spectral efficiency, as shown in Fig. 2, is the challenge of coexisting with the host analog in the
interest of remaining backwards compatible.

Most of the signal power transmitted in the host analog is confined near the AM carrier. In the
interest of not interfering with the analog, modulation near the carrier, near the center of the
allocation is transmitted in quadrature with the AM carrier. As the frequency becomes removed from

(¢) Copyright 1990-1995 US4 Digital Radio. All Rights Reserved. 2




the carrier, the DAB signal transitions from a quadrature signal only into an in-phase and quadrature
complex signal. This transition takes place after the point where host analog power has attenuated

to a sufficiently low level.

Modulation order is also a function of spectral position. As the DAB signal frequency is removed
from the carrier, the effects of interference from the host analog diminish as a consequence of the fact
that the host analog power diminishes. As a result, DAB modulation order is increased as the DAB
spectrum is removed from the carrier. The highest order DAB modulation is present farthest away
from the carrier, in the portions of the allocation where typical AM stations transmit little or no

power.

2.4 TRANSMISSION

The USADR AM DAB system uses a commercially available transmitter to combine the IBOC DAB
digital signal with the host analog AM. Over the air tests have been conducted through both

nondirectional and directional antenna systems.

3.0 CONCLUSION

The USADR AM IBOC DAB system is being developed in the interest of preserving and enhancing
the value, the functionality and the heritage of today's existing AM broadcasting infrastructure. The
challenges of limited bandwidth availability are being met through powerful source compression
algorithms as well as through novel modulation techniques. USADR AM DAB system has been
tested through both nondirectional as well as directional antenna systems using a conventional AM

transmitter.

The USADR AM IBOC DAB system is under continuing development with the objective of
improving mobile performance as well as interference limited performance. However, all indications
to date show that AM IBOC DAB is realizable and can be made practical and cost effective.

(c) Copyright 1990-1995 USA Digital Radio. All Rights Reserved. 3
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FM-1 SYSTEM DESCRIPTION

USA DIGITAL RADIO

332 South Michigan Avenue
Suite 605
Chicago, Illinois 60604

1.0 INTRODUCTION

USA Digital Radio (USADR) has embarked on an aggressive program to develop practical systems
for the delivery of digital music and data services which leverage existing broadcaster capital assets.
In-Band On-Channel (IBOC) Digital Audio Broadcasting (DAB) is the only approach to DAB
endorsed by the US broadcasters. Only IBOC meets the economic, political and regulatory needs of
U.S. broadcasters. IBOC allows for simultaneous transmission of new digital with existing analog
within a broadcaster's existing spectral allocation.

The fundamental design requirements of the FM-1 system include the introduction of new digital
music quality. Audio delivered by FM-1 is equivalent in quality to that delivered by compact disc
(CD) which is 16 bit stereo with 20 kHz bandwidth per channel. FM-1 allows for expanded digital
data services, with an aggregate data channel of up to 64 kbps. FM-1 employs new technology in
the interest of mitigating VHF multipath which is so commonly found in the mobile environment. The
deployment of FM-1 transmission systerns will be affordable due to the fact that existing broadcasting
assets will remain in place as integral parts of the system. The spectral efficiency inherent in the dual
use of each allocation greatly simplifies regulatory considerations. Finally, backwards compatibility
allows for the smoothest possible transition from analog broadcast radio to digital broadcast radio.

This paper describes the US4 Digital Radio FM-1 system. Special focus is given by highlighting
those system details in which new technology is applied which yield significant performance
advantages. The system is described in terms of its source encoding, ancillary data capability, forward
error correction and its modulation. These are illustrated in the system block diagram shown in Fig.
1. This block diagram shows both the analog path, above, and the digital path, below.

(c) Copyright 1990-1995 USA Digital Radio. All Rights Reserved. 1




USADR FM-1 IBOC DAB

2.0 SYSTEM DESCRIPTION

2.1  AUDIO SOURCE ENCODING AND ANCILLARY DATA CHANNEL

The audio source encoding scheme for the USADR FM-1 IBOC-DAB system is based on
MUSICAM® which is in turn based on the ISO/MPEG Audio Layer I (ISO 11172-3) standard for
sub-band encoding. The standard has been advanced through the development of variable rate music
coding based on program demand. The standard has also been advance through the implementation
of a soft failure mechanism for graceful audio degradation under severely impaired channel
conditions. Source coding preserves 16 bit stereo quality over 20 kHz of audio bandwidth.

The audio coding rate for FM-1 IBOC DAB is variable on a frame-by-frame basis as a function of
the audio program material and of the ancillary data requirements. The purpose of a continuously
variable audio coding rate is to optimally utilize the channel throughput, or the modulation data rate,
as a function of the audio encoding requirements, the ancillary data requirements, and the intent of
the broadcaster. Data throughput is allocated to audio source coding on an as-needed basis,
continuously limiting the coding rate on a frame-by-frame basis, based on the program material, to
that needed to reproduce CD quality audio. Continuous conservation of the audio coding rate allows
for increased availability of data for ancillary data as well as for forward error correction.

An illustration of variable data rate music coding is shown in Fig. 2. Fig. 2-a shows the spectrum of
a complex frame of music. The abundance of music components demands a high audio coding rate.
In contrast, Fig. 2-b illustrates a very simple passage of music which demands a much lower data rate
to encode its reduced music information content. FM-1 audio source coding rates vary, on a frame-
by-frame basis from a minimum of 128 kbps to 2 maximum of 256 kbps. Ancillary data, which is
buffered in and whose transmission rate is also varied on a frame-by-frame basis, may be transmitted

at an average rate of up to 64 kbps.

2.2 FORWARD ERROR CORRECTION

Conventional digital audio transmission systems are typically characterized by a very sharply defined
failure mode. This "cliff effect" is in contrast to the familiar gradual degradation which takes place
in conventional broadcast radio, where a transmission may gradually lose quality while retaining
intelligibility. The blending mechanisms incorporated into many mobile FM receivers extend this
gradual failure characteristic of analog FM by concealing the effects of multipath-impaired
propagation channels on the FM transmission.

(c) Copyright 1990-1995 USA Digital Radio. All Rights Reserved.




USADR FM-1 IBOC DAB

The USADR FM-1 IBOC DAB system incorporates a soft failure characteristic for "graceful
degradation " that resembles the gradual degradation familiar to analog FM listeners. The use of
hierarchical forward error correction and advanced error concealment methods enable graceful

degradation to be realized in a digital system,

Hierarchical forward error correction is based on the concept that the information in the coded audio
data stream takes on varying degrees of importance. For example, frame header information is
critically important because it establishes the location of all of the audio information in the frame.
Furthermore, the most significant bits (MSB's) in each audio sample are much more important than
the least significant bits (LSB's). The exponent portion of sample values in exponent-mantissa format
are even more important than the MSB's of the mantissa. Also, low frequency audio components are
usually more important to audio reproduction than higher frequency audio components.

The process of applying hierarchical forward error correction to coded audio involves recognizing
the relative importance of the coded information and the subsequent application of commensurate
error protection. Following the previous example, the header information in a MUSICAAMR frame is
assigned the highest level of error protection, followed by the exponents of audio samples and the
more significant bits. The less significant bits in the audio samples are assigned lower degrees of error
protection. Additionally, low frequency components of audio are protected to a higher degree than

the higher frequencies.

The advantage of hierarchical forward error correction in producing a graceful mode of audio
degradation is shown in Fig. 3. Fig. 3-a shows the audio spectrum of a clean passage of music. Fig.
3-b shows what may happen in the audio spectrum in the case of constant error protection. Bit errors
under impaired channel conditions may affect high frequency components, low frequency
components, MSB's, LSB's, audio sample exponents or even header information with equal
probability. The result is a catastrophic mode of failure, which results in a randomly scattered loss
of audio information and a possible misrepresentation of header information. The listener is subject

to either unpleasant artifacts or sudden muting,

In contrast, hierarchical forward error correction employed by the USADR FM-1 IBOC-DAB system
yields audio which degrades gradually in the presence of severe channel impairments. The result,
shown in Fig. 3-c, is a gradual loss of dynamic range as well as a fold-back in the audio response of
the receiver as bit errors are detected in variously relatively lightly protected portions of the coded
audio. Graceful degradation is found by the listener to be a much less objectionable failure mode than

catastrophic failure,

Hierarchical forward error correction is provided by a variable rate concatenated code. Forward
error correction also includes interleaving of 480 ms duration.

(c) Copyright 1990-1995 USA Digital Radio. All Rights Reserved. 3




USADR FM-1 IBOC DAB

2.3 MODULATION

The modulation used in the USADR FM-1 IBOC DAB was expressly designed with multipath in
mind. The system designers realized early on that FM-band multipath was significant in both urban
and rural terrain-featured environments, particularly in the mobile case. Intersymbol interference (ISI)
and frequency selective fading caused by multipath become severe sources of impairment for digital
demodulators. The USADR FM-1 IBOC DAB system applies multichannel modulation to the
problem of ISI and spread spectrum based techniques to the problem of frequency selective fading.

Multichannel modulation is often used to alleviate ISI caused by multipath. Multiple subchannels
allow the baud interval to be increased to an interval much longer than the longest multipath delay.
This effectively eliminates ISI at the expense of baud rate. The decrease in baud rate is compensated
by allowing for multiple subchannels. The USADR FM-1 IBOC DAB modulation system employs
48 data subchannels, each at a subchannel data rate of 8 kbps, for a total channel data rate of 384
kbps. The baud interval is 125 microseconds. In addition to the 48 data subchannel, a 45th
subchannel is transmitted simultaneously as a reference sounding waveform for multipath

equalization.

USADR FM-1 IBOC DAB modulation subchannels are not narrowband, as is the case for OFDM,
but are wideband, as is the case for spread spectrum. Spread spectrum modulation techniques have
been used for some years by the military and are now gaining acceptance in commercial
communication systems. Consumer telecommunications applications which employ spread spectrum
include cellular telephone, global positioning system (GPS) and wireless local area networks (LAN's).
The advantage of spread spectrum techniques for IBOC-DAB modulation is their resistance to
multipath. USADR FM-1 IBOC DAB modulation improves upon conventional direct sequence
spread spectrum (DS-SS) by introducing a unique signaling waveform design which combines the
multipath resistance of DS-SS with a spectral efficiency which approaches two bits per second per
Hertz. '

The spectrum of FM and USADR FM-1 IBOC DAB signals are shown in Fig. 4. Fig. 4-a depicts a
typical conventional analog FM signal spectrum. Fig. 4-b illustrates various USADR FM-1 IBOC
DAB subchannels. The subchannel modulation waveforms were designed using a unique method
which ensures each subchannel to be wideband, noiselike and orthogonal to every other subchannel.
Additionally, a void is maintained in the center of the spectrum of each subchannel waveform to allow
FM to survive undisturbed. When observed individually, each of the DAB carrier signals has a
spectrum which spans the entire 460 kHz DAB bandwidth with a 220 kHz void centered about the
analog FM carrier. Channel modulation data is applied to each FM-1 DAB subchannel using bipolar
keying. The spectrum of the DAB composite is shown in Fig. 4-c. The spectrum of a typical
combined FM plus DAB signal is shown in Fig. 4-d.

(c) Copyright 1990-1995 USA Digital Radio. All Rights Reserved, 4




USADR FM-1 IBOC DAB

When compared to conventional code division muitiple access (CDMA) DS-SS techniques, the
USADR FM-1 IBOC DAB signaling set is found to have the unique property that waveform filtering
is intrinsically incorporated into the design of the subchannel modulation symbols. Further filtering
is unnecessary, avoiding undesirable corruption, due to filter distortion, of signal set properties such
as subchanne! orthogonality. Mutual orthogonality of subchannel waveforms minimizes, both in clear
propagation channels and in multipath, interference due to cross-talk between channels

The wideband nature of the subchannel modulation symbols offers a clear performance advantage in
multipath propagation channels. The advantage of wideband data subchannels in multipath over
narrowband data subchannels, as is the case in OFDM, is illustrated in Fig. 5. Fig. 5-a illustrates
demodulation of a tone or narrowband data subchannel in the case of a clear propagation channel.
Demodulation of tone subchannels involves a frequency shift, as shown in Fig. 5-a. Fig. 5-b illustrates
the despreading operation involved in demodulating a wideband subchannel. Although the
modulation subchanne! waveforms and the demodulation processes are different, the same subchannel
baseband data stream is recovered in both processes.

Fig. 5-c illustrates demodulation of a tone carrier in a possible multipath environment. In the case
of OFDM through multipath, individual subcarriers may be subject to severe attenuation due to
spectral nulls in the propagation response introduced by multipath. In the case illustrated in Fig. 5-c,
subchannel demodulation effectiveness is limited by multipath-induced localized attenuation in the
frequency response of the channel. In contrast, Fig. 5-d shows how wideband subchannel
demodulation is affected to a lesser degree due to the fact that any localized attenuation in the
frequency response due to multipath only attenuates a small fraction of any wideband subchannel's

power,

In addition to wideband data modulation subchannels, a wideband reference waveform is transmitted
as part of the USADR FM-1 IBOC DAB modulation waveform. The reference waveform serves a
dual purpose. The first is to serve as a sounding pulse for multipath equalization. The reference
waveform is recovered at the receiver as a wideband reference used to train the multipath equalizer
at the receiver. The second purpose is to serve as a pilot tone for modulation frame synchronization,

The USADR FM-1 IBOC DAB modulation is spectrally efficient. The modulation waveform
spectrum is contained well within the guidelines established by rule 73.317 of the FCC code. The
USADR FM-1 DAB spectrum consists of two sidebands within the authorized spectral mask. These
sidebands begin (-3 dB points) at a 120 kHz offset from either side of the unmodulated analog FM
carrier and extend to 220 kHz from the carrier. The amplitude of these sidebands is attenuated by
38 dB with respect to an unmodulated analog carrier in a 1 kHz resolution bandwidth. The total
DAB half-power modulation bandwidth is 200 kHz. Total DAB power is -15 dBc, or 1/32 of analog

FM power.

() Copyright 1990-1995 USA Digital Radio. All Rights Reserved.




USADR FM-1 IBOC DAB

3.0 CONCLUSION

The submission of USADR FM-1 for testing to the EIA represents an important step in USA Digital
Radio's development of practical IBOC-DAB. Based on the results of FM-1 testing, it is being shown
that IBOC-DAB can be used to realize reliable delivery of digital music and data services while
leveraging existing broadcast industry infrastructure at a reasonable cost to the broadcaster. Recent
developments in the areas of audio source coding, forward error correction and wideband
multichannel modulation make IBOC-DAB capable of providing CD quality music through mobile
multipath channels. ' o '

(c) Copyright 1990-1995 USA Digital Radio. All Rights Reserved. 6
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a) High Data Rate Audio Coding

Fig. 2. Variable Data Rate Music Coding.
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Fig. 2. Variable Data Rate Music Coding. (
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a) Accurate Reproduction

Fig. 3. Comparison of Audio Failure Modes.
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b) Catastrophic Failure

Fig. 3. Comparison of Audio Failure Modes.
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¢) Graceful Degradation

Fig. 3. Comparison of Audio Failure Modes.
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b) DAB Subchannel Spectra

Fig. 4. USADR FM-1 IBOC DAB Modulation Waveform, L,sa
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¢) DAB Composite Spectrum

Fig. 4. USADR FM-1 IBOC DAB Modulation Waveform. lm
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d) Combined FM + DAB Spectrum

Fig. 4. USADR FM-1IBOC DAB Modulation Waveform. L&
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a) Clear Propagation Channel, Narrowband Data Subchannel

Fig. 5. Demodulation of Narrow and Wideband Data Subchannels
in Clear and Multipath Propagation Channels. Lsa
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¢) Multipath Propagation Channel, Narrowband Data Subchannel

Fig. 5. Demodulation of Narrow and Wideband Data Subchannels
in Clear and Multipath Propagation Channels. Lsa
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d) Multipath Propagation Channel, Wideband Data Subchannel

Fig. 5. Demodulation of Narrow and Wideband Data Subchannels
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FM-2 SYSTEM DESCRIPTION

USA DIGITAL RADIO

332 South Michigan Avenue
Suite 605
Chicago, Illinois 60604

1.0 INTRODUCTION

USA Digital Radio (USADR) has considered many different system options and alternatives in the
ongoing development and design of In-Band On-Channel (IBOC) Digital Audio Broadcasting (DAB)
systems. Due to its excellent performance through multipath and its backwards compatibility with
analog, USA Digital Radio has selected its FM-1 as the primary focus of her continuing development
of FM-IBOC DAB.

This being the case, the USADR FM-2 system has some very unique characteristics which are of
great value to FM-IBOC DAB system. For example, FM-2 IBOC DAB modulation was designed
to be completely orthogonal to the host analog FM. The use of a frequency shifting technique
maintains this mutual orthogonality while minimizing total bandwidth. The result is complete
orthogonality between analog and digital waveforms while minimizing transmission bandwidth, FM-2
also achieves a reduction in bandwidth by incorporating muttiple level modulation.

FM-2 is not completely different from FM-1. The modulation techniques of the two systems do
address different performance tradeoff objectives. However, the source encoding and forward error
correction systems are based on common design objectives.

FM-2 does not offer the high degree of multipath resistance that FM-1 offers. However, the unique
characteristics and advantages of FM-2 suggest studying FM-2 and considering its features and
advantages. It is possible that at some point in the future, USA Digital Radio may incorporate some
of the more favorable features of the FM-2 into her primary FM-1 system.

This paper describes the US4 Digital Radio FM-2 system. Special focus is given by highlighting
those system details in which new technology is applied to which yield significant performance
advantages. The system is described in terms of its source encoding, ancillary data capability, forward
error correction and its modulation. These are illustrated in the system block diagram shown in Fig.
1. This block diagram shows both the analog path, ahove, and the digital path, below.

(c) Copyright 1990-1995 US4 Digital Radio. All Rights Reserved. 1
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2.0 SYSTEM DESCRIPTION

2.1  AUDIO SOURCE ENCODING AND ANCILLARY DATA CHANNEL

The audio source encoding scheme for the USADR FM-2 IBOC-DAB system is based on
MUSICAM® which is in turn based on the ISO/MPEG Audio Layer I (ISO 11172-3) standard for
sub-band encoding. The standard has been advanced through the development of variable rate music
coding based on program demand. The standard has also been advance through the implementation
of a soft failure mechanism for graceful audio degradation under severely impaired channel
conditions. Source coding preserves 16 bit stereo quality over 20 kHz of audio bandwidth.

The audio coding rate for FM-2 IBOC DAB is variable on a frame-by-frame basis as a function of
the audio program material and of the ancillary data requirements. The purpose of a continuously
variable audio coding rate is to optimally utilize the channel throughput, or the modulation data rate,
as a function of the audio encoding requiremnents, the ancillary data requirements, and the intent of
the broadcaster. Data throughput is allocated to audio source coding on an as-needed basis,
continuously limiting the coding rate on a frame-by-frame basis, based on the program material, to
that needed to reproduce CD quality audio. Continuous conservation of the audio coding rate allows
for increased availability of data for ancillary data as well as for forward error correction.

An illustration of variable data rate music coding is shown in Fig. 2. Fig. 2-a shows the spectrum
of 2 complex frame of music. The abundance of music components demands a high audio coding
rate. In contrast, Fig. 2-b illustrates a very simple passage of music which demands a much lower
data rate to encode its reduced music information content. FM-2 audio source coding rates vary, on
a frame-by-frame basis from a minimum of 128 kbps to a maximum of 256 kbps. Ancillary data,
which is buffered in and whose transmission rate is also varied on a frame-by-frame basis, may be
transmitted at an average rate of up to 64 Kbps.

2.2 FORWARD ERROR CORRECTION

Conventional digital audio transmission systems are typically characterized by a very sharply defined
failure mode. This "cliff effect” is in contrast to the familiar gradual degradation which takes place
in conventional broadcast radio, where a transmission may gradually lose quality while retaining
intelligibility. The blending mechanisms incorporated into many mobile FM receivers extend this
gradual failure characteristic of analog FM by concealing the effects of multipath-impaired
propagation channels on the FM transmission.

(c) Copyright 1990-1995 USA Digital Radio. All Rights Reserved. 2
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The USADR FM-2 IBOC DAB system incorporates a soft failure characteristic for "graceful
degradation " that resembles the gradual degradation familiar to analog FM listeners. The use of
hierarchical forward error comection and advanced error concealment methods enable graceful

degradation to be realized in a digital system.

Hierarchical forward error correction is based on the concept that the information in the coded audio
data stream takes on varying degrees of importance. For example, frame header information is
critically important because it establishes the location of all of the audio information in the frame.
Furthermore, the most significant bits (MSB's) in each audio sample are much more important than
the least significant bits (LSB's). The exponent portion of sample values in exponent-mantissa
format are even more important than the MSB's of the mantissa. Also, low frequency audio
components are usually more important to audio reproduction than higher frequency audio

components. -

The process of applying hierarchical forward error correction to coded audio involves recognizing
the relative importance of the coded information and the subsequent application of commensurate
error protection. Following the previous example, the header information in a MUSICAM?® frame
is assigned the highest level of error protection, followed by the exponents of audio samples and the
more significant bits. The less significant bits in the audio samples are assigned lower degrees of
error protection. Additionally, low frequency components of audio are protected to a higher degree
than the higher frequencies. :

The advantage of hierarchical forward error correction in producing a graceful mode of audio
degradation is shown in Fig. 3. Fig. 3-a shows the audio spectrum of a clean passage of music. Fig.
3-b shows what may happen in the audio spectrum in the case of constant error protection. Bit errors
under impaired channel conditions may affect high frequency components, low frequency
components, MSB's, LSB's, audio sample exponents or even header information with equal
probability. The result is a catastrophic mode of failure, which results in a randomly scattered loss
of audio information and a possible misrepresentation of header information. The listener is subject
to either unpleasant artifacts or sudden muting,

In contrast, hierarchical forward error correction employed by the USADR FM-2 IBOC-DAB system
yields audio which degrades gradually in the presence of severe channel impairments. The result,
shown in Fig. 3-c, is a gradual loss of dynamic range as well as a fold-back in the audio response of
the receiver as bit errors are detected in variously relatively lightly protected portions of the coded
audio. Graceful degradation is found by the listener to be a much less objectionable failure mode
than catastrophic failure.

Hierarchical forward error correction is provided by a variable rate concatenated code. Forward error
correction also includes interleaving of 480 ms duration.

(¢) Copyright 1990-1995 USA Digital Radio. All Rights Reserved. 3
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23 MODULATION

The objective of preserving existing analog signal quality was first and foremost in the development
of the modulation used in the USADR FM-2 IBOC DAB system. The most carefully planned feature
of USADR FM-2 IBOC DAB modulation is the carefully planned, constant invariable orthogonality
between the analog and the digital waveforms. The second important objective of the FM-2 system
is spectral containment. The third objective is multipath resistance.

Mutual orthogonality between analog and digital is achieved through 2 frequency slide technique
where the center fre-juency of the digital modulation is continuously adjusted to follow the
instantaneous frequency of the host FM waveform. While the spectra of the analog and digital
waveforms overlap, the signals never occupy the same instantaneous frequency. As the center
frequency of the digital modulation waveform is swept, the resulting signal spectrum becomes spread
in relation to the host FM frequency deviation. This manner is similar to the manner in which an FM
signal spectrum is spread in spxte of the fact that the FM signal is a CW sinusoid with only one
instantaneous frequency at any given instant in time.

Although the spectrum of the digital modulation waveform is spread as a result of its varying
instantaneous frequency, spectral containment is achieved due to the close proximity with which the
digital modulation is placed to the instantaneous frequency of the host analog. If frequency deviation
were removed from the host analog signal, there would be no discernible frequency separation
between the resulting analog and digital signal spectra.

Muitipath resistance is achieved through the use of multiple wideband subchannels, Multichannel
modulation is often used to alleviate ISI caused by multipath. Multiple subchannels allow the baud
interval to be increased to an interval much longer than the longest multipath delay. This effectively
eliminates IST at the expense of baud rate. The decrease in baud rate is compensated by allowing for
multiple subchannels. The USADR FM-2 IBOC DAB modulation system employs 64 data
subchannels, each at a subchannel baud rate of 2 kilobaud per second, for a total symbol rate of 2
kilobaud per second. The baud interval is 500 microseconds. Data is applied using 8 level amplitude
shift key modulation for a2 modulation rate of 3 bits per symbol per subchannel or a total data
modulation rate of 384 kbps.

Like USADR FM-1, USADR FM-2 IBOC DAB modulation subchannels are not narrowband, as is
the case for OFDM, but are wideband, as is the case for spread spectrum. USADR FM-2 IBOC
DAB modulation applies direct sequence spread spectrum (DS-SS) through the use of bipolar
pseudonoise sequence subchannel modulation waveforms, Spread spectrum techniques such as DS-
SS are recognized for their advantages in multipath propagation channels. The USADR FM-2 IBOC
DARB subchannels consist of 64 mutually orthogonal bipolar pseudonoise (PN) sequences. The FM-2
modulation composite is filtered to an absolute baseband bandwidth of 125 kHz.

(c) Copynight 1990-1995 USA Digital Radio. All Rights Reserved. 4
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The spectrum and composition of FM and of USADR FM-2 IBOC DAB signals are illustrated in Fig,
4. Fig. 4-a depicts a typical conventional analog FM signal spectrum. Fig. 4-b gives an
"instantaneous frequency representation” of an FM signal. If an FM waveform is frozen in time, it
consists of a sinusoid at a single instantaneous frequency at that moment. That instantaneous
frequency can be increasing, decreasing or remaining unchanged at that moment, depending on the
FM composite program at that moment.

Fig. 4-c illustrates the spectrum of the USADR FM-2 IBOC DAB modulation composite. The
USADR FM-2 IBOC DAB modulation composite consists of the sum of 64 orthogonal PN
sequences, each modulated to 8 levels at a 2 kHz rate, the sum being filtered to an absolute
bandwidth of plus and minus 125 kHz. In Fig. 4-c, the USADR FM-2 IBOC-DAB modulation
composite is shown centered at a stationary center frequency. It should be noted that of the 64
orthogonal PN sequences comprising the modulation set, none have a DC component. As a result,
although the spectrum of the USADR FM-2 IBOC-DAB modulation composite is shown to be
continuous, in actuality there is no power at the precise center frequency.

Fig 4-d gives an instantaneous frequency representation of the USADR FM-2 IBOC DAB modulation
composite subject to frequency shifting. When the FM-2 digital modulation center frequency is
shifted to align with that of the host analog, a “snapshot" in the frequency domain consists of the FM-
2 digital modulation composite centered at the instantaneous frequency of the host analog at that
moment. Its instantaneous frequency may be rising, falling or remaining stationary. Fig. 4-e shows
the same instantaneous frequency representation of the USADR FM-2 IBOC DAB modulation
composite, subject to frequency shifting, but with the host analog added. Fig. 4-e shows how FM-2
digital is shifted in center frequency so as to follow the instantaneous frequency of the host analog
FM. Over any measurable length of time, the analog FM composite program causes both the host
analog FM and the FM-2 digital to shift in time, spreading their power over a wider spectrum, as
shown in Fig. 4-f. Fig. 4-fillustrates a typical FM-2 FM plus digital modulation spectrum.

(c) Copyright 1990-1995 US4 Digital Radio. All Rights Reserved. 3
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3.0 CONCLUSION

The USADR FM-2 IBOC DAB system was designed to provide a spectrally efficient means of
broadcasting CD quality audio and ancillary data with some degree of multipath suppression while
remaining constantly and invariably orthogonal to the host analog FM within its existing spectral
allocation. A novel frequency sliding technique is used to cause the center frequency of the digital
FM-2 modulation waveform to follow the instantaneous frequency of the host analog in order to
maintain orthogonality mutual orthogonality between the FM-2 digital and the host analog. Spectral
confinement is achieved by applying 8 level digital modulation as well as by filtering the PN sequence
based digital modulation. Further spectral confinement is achieved through the fact that the
orthogonality achieved through the frequency shifting technique allows the digital to be placed in very

close proximity to the analog.

The USADR FM-2 IBOC DAB system offers some multipath suppression capability due to the
application of DS-SS techniques in the design of the multichannel PN sequence modulation.
However, the primary attribute of the USADR FM-2 IBOC DAB system is the degree to which
backwards compatibility and noninterference are ensured through the mutual orthogonality of analog

and digital waveforms.

(c) Copyright 1990-1995 USA Digital Radio. All Rights Reserved. 6
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(c) Copyright 1990-1995 USA Digital Radio. All rights reserved.




T ?T hﬁﬂm _

f

a) High Data Rate Audio Coding

Fig. 2. Variable Data Rate Music Coding.
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b) Low Data Rate Audio Coding

Fig. 2. Variable Data Rate Music Coding.
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Fig. 3. Comparison of Audio Failure Modes.
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b) Catastrophic Fatlure

Fig. 3. Comparison of Audio Failure Modes.
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¢) Graceful Degradation

Fig. 3. Corﬁparison of Audio Failure Modes.
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b) FM, Instantaneous Frequency Representation

Fig. 4. USADR FM-2 IBOC DAB Modulation Waveform. llsa
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¢) Stationary DAB, Spectral Representation

Fig. 4. USADR FM-2 IBOC DAB Modulation Waveform. Lm
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Fig. 4. USADR FM-2 IBOC DAB Modulation Waveform.
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ANNEX
DIGITAL SYSTEM B
1 Introduction

Digital Sound Broadcasting System B is a flexible, bandwidth and power-efficient system for
providing digital audio and data broadcasting, for reception by indoor/outdoor, fixed and portable, and
mobile receivers. System B is designed for satellite, terrestrial, as well as hybrid broadcasting systems and

is suitable for use in any broadcasting band.

System B allows a flexible multiplex of digitized audio and data sources to be modulated onto
each carmier. This, together with a range of possible transmission rates, results in an efficient match between
service provider requirements and transmitter power and bandwidth resources.

The System B receiver design is modular. A standard core receiver design provides the necessary
capability for fixed and porable reception. This design is based on standard, well proven signal processing
techniques for which low cost integrated circuits have been developed. Mitigation techniques, which are
generally needed for mobite reception, are implemented as add-on processing functions.

In satellite broadcasting, the main impairment is signal blockage by buildings, trees, and other
obstacles. Signal blockage produces very decp signal fades and it is generally not possible to completely
compensate for it through link margin. Several mitigation techniques were developed or adapted during the
design of the System B receiver. The System B receiver can support each of the following:

*  Time Diversity (Data Retransmission) - A delayed version of the data stream is muitiplexed together
with the original data and transmitter on the same carrier

*  Reception Diversity (Antenna/Receiver Diversity) - Two physically separated antennas/receivers
receive and process the same signal

*  Transmission Diversity (Satellite/Transmitter Diversity) - The same data stream is transmitted by two
physically separate transmitters on separate frequencies, are received by the same antenna, then
processed independently

©  On-Channel Boosters (Single Frequency Network) - The same data stream is transmitted by two or
more physically separate transmitters on the same frequency, then the composite received signai is

processed by an equalizer

In a terrestrial system with several on-channel transmitters, as well as in a satellite system with
terrestrial on-channel boosters, System B will use equalization in the receiver. This is the only time the core
receiver configuration is impacted. If a receiver does not perform equalization, it must have the capability to
recognize and discard the training symbols which have been inserted into the data stream,

2 System Overview

An overview of the System B design can be best obtained by examining the functional block
diagram of the receiver (starting at the IF) presented in Figure 1. Core receiver functions are shown as solid
blocks. while the optional functions for performing mitigation of propagation problems are shown as dashed
blocks.

After the desired carrier is selected by the receiver tuning section, the signal is translated down to 2
fixed IF frequency.
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In the core receiver, carrier reconstruction takes place 1n a QPSK Costas loop, and symbols are
detected by a matched filter with timing provided by a symbo! tracking loop. After frame sync is
established, the recovered symbols are decoded and demultiplexed. The Reed Solomon decoder performs
the additional function of marking data blocks which were not successfully decoded, This information is

used by the audio decoder and can be used by the time or st

recejver.

gnal diversity combiner, if implemented in the

The selected digital audio source data is provided to the audio decoder while other digital data is
provided to the appropriate data interfaces. Each audio encoder will have the capability of muitiplexing

asynchronous, program related data, with the audio data stream as shown in the figure.
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Figure 1. Receiver Fuactional Block Diagram
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In areceiver equipped with an equalizer, the equalization can be disabled in the absence of
multipath because the equalizer will introduce a nominal amount of performance degradation.

The presence of multipath can be detected automatically or the equalizer can be switched in

manually if the receiver is to be operated in an area served by terrestrial transmitters. When the equalizer is

operating, the carrier and symbol tracking loops are opened.

Time diversity is implemented by transmitting a delayed version of a data stream multiplexed

together with the original, In the receiver, these two data streams are demultiplexed and time realigned. The

daia stream with the fewest errors is selected for output.

Signal diversity requires the independent processing of the signal, or of different frequency signals,

up to the diversity combiner. The diversity combiner then performs the functions of time alignment and

selection of the most error free data streamn:

B VU
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3 System Description

The processing layers of the System B transmitter and receiver are described block by block,
referenced to the diagram of Figure 2. Specifications are defined for each block as appropriate.

3.1 Transmitter

The transmitter performs all the processing functions needed to generate a single RF carrier. The
process includes multiplexing all analog audio and digital data sources to be combined onto one carrier,

forward error correction enceding, and QPSK modulation.
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Figure 2. System B Block Diagram

3.1l TInput Interfaces

The transmilter accepts a set of sampled analog audio signals, a set of asynchronous data sources
associated with each audio source, and a set of independent synchronous data sources.

3.1.2  Audio Encoding

A number of audio encoders are provided to handle the required number of limited bandwidth
monaural, limited and ful} bandwidih stereo, and full bandwidth five channel surround sound channels.
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Each encoder also accepts an asynchronous data channel, which is multiplexed with the audio data
stream. The data rate of these channels varies dynamicaily according to the unused capacity of the audio

channel,

The output of each audio encoder is a synchronous data stream with a data rate proportional to the
audio bandwidth and quality. The rate ranges from a minimum of 16 kbps for limited bandwidth monaural.
to approximately 320 kbps for five channel (exact rate to be determined by MPEG committee). Audio

encoder data rates are limited to multiples of 16 kbps.

3.1.3  Program Multiplexing

All digitized audio channels and data channels are muitiplexed into a composite serial data stream.
The output data rate will range from a minimum of 32 kbps to a2 maximum determined by the transmiuing
system bandwidth and power resources. This maximum is anticipated to be in the range of [ Mbps to 10

Mbps.

Each allowed multiplex combination of audio sources and their rates, as well as data sources and
their rates, will be assigned a unique transmission identifier number, This number will be used by the
receiver o set up the data rate and demultiplexing configuration.

3.1.4  Ermor Comrection Encoding

Error correction encoding of the composite data stream consists of rate 1/2, k=7 convolutional
encoding, followed by rate 140/160 Reed Solomon encoding.

315  Interleaving

A block interleaver is used to time interleave the composite data stream. The interleaver block
length will be proportional to the composite data rate to provide an interleaver frame time on the order of

200 milliseconds at any data rate.

3.1.6  Frame Synchronization

A PN code word is inserted at the beginning of each interieaver frame. The interleaver frame sync
will also have a unique relationship with the program muitiplexer frame.

3.1.7  Training Sequence Insertion

If the broadcast is to be received in an environment with on-channel repeaters, 2 known training
symbol sequence will be inserted, with a training symbol placed every n data symbols, where n can range
from 2 to 4, The presence of training symbols and their frequency will be also identified by the unique

transmission identifier number.

3.1.7  Modulation

The final step in the process is QPSK modulation at an IF frequency. Pulse shaping will be used to
constrain the bandwidth of the signal. From this point the modulated IF signal is translated to the
appropriate carrier frequency for transmission. In a frequency division multiplex (FDM) approach.
additional carriers are generated by duplicating the transmitter described above.

3.2 Receiver

After tuning to the desired carrier and wranslating the signal down to a fixed IF frequency, the
receiver will perform the demodulation, decoding, and demultiplexing functions, as well as the digita!l to

analog conversion of the selected audio signal.
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The recciver data rate and program demultipiex configuration will be set up by inserting the unique
tansmission identifier number. The core receiver will be able to perform all required receive functions in a
fixed or portable reception environment, where there s a stable signal with sufficient signal to noise ratio,

In mobile reception environments, where there are sufficient problems with signal blockage, the
receiver will include the enhancements needed to accommodate time or signal diversity, or equalization if

boosters are used.

3.2.1 Demodulation

Normally carrier demodulation takes place in a phase locked coherent QPSK demodulator, and
symbols are detected by a matched filter with timing provided by a symbol tracking loop.

When equalization is used in the presence of echoes, the carrier and symbol tracking loops are
opencd. A FFT frequency estimator is used to set a fixed carrier demodulation reference. The symbol
matched filter is sampled at twice the symbol rate and these samples are provided to the equalizer.

3.2.2  Frame Synchronization

Interlcaver frame synchronization is established through cross-cormrelation detection of the unique
frame sync word. This process also ramoves the ambiguity produced by QPSK moduiation.

3.2.3  Egualization

In the presence of echoes, there will be several closely spaced comelation peaks in the frame sync
detector output. This information can be used to automaticaily switch in the equalizer, The equalizer uses a
locally generated training sequence whose start is based on an estimate of the position of frame sync word.
A comparison of the timing of the locally generated frame sync word and the frame sync detector output
allows the equalizer to adjust for any timing error between the incoming symbols and locally generated

symbol timing reference.

System B uses a Lattice Predictive Decision Feedback Equalizer (Lattice PDFE) design. The
leeway allowed in the time spread of all the echoes is a function of the length of the equalizer. System B
performance testing employed an equalizer with 22 forward taps and 4 feed back taps. The equalizer will
acquire within 100 symbol times. Equalizer length can be increased if it is necessary to compensate for

greater signal delay spread.
324 Training Sequence Deletion

At the output of the equalizer, the training sequence symbols are discarded. If a receiver without an
equalizer works with a signal that contains training symbols, it also must discard these symbols, This is a
simple process since the position of the training symbols is known in relation to the frame sync word,

3.25  De-Interleaving

The deinterleaver reestablishes the original time sequence of the detected symbols, as it existed in
the transmitter prior to interleaving.

3,26 Emor Correction Decoding

A Viterbi decoder, followed by a Reed Solomon decoder, reduces the detected symbol error rate
and converts the symbols back into data bits. If the Reed Solomon decoder is unable to remove all the errors
in a data block, it marks the data block as bad. This indication can later be used by the diversity combiner to
select the better signal, as well as by the audio decoder to control audio output squelching,
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3.2.6  Program Demuitiplexing

Al this point the composite data stream is demultiplexed into separate digital data streams and the
desired audio data stream is selected and routed to the audio decoder.

If time diversity is used, the program demultiplexer separates the real time and delayed version of
the data stream, and sends them to the diversity combiner for selection of the least corrupted data.

If an independent receiver is used for diversity reception, this is the point where the more robust
cutput data is selected. ’

327  Audio Decoding

The audio decoder converts the selected digital audjo channel to analog. It also demultiplexes the
auxiliary data channel and provides the data to the appropriate output interface.

3.2.8  Output Interfaces

Output interfaces cansist of the selected audio channel and selected data channels. The data
channels can drive displays in the receiver, or be routed to special purpose displays in data casting
applications. Since more than one audio channel may exist in a wansmission multiplex, the channels not

selected for listening can be recorded for later playback.
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4 Performance

The performance of System B is referenced to 2 set of standardized channel models: an additive
white Gaussian noise (AWGN) channel; a satellite mode! for a single satellite signal; and a multiple (single
frequency) signal model which can tepresent a satellite signal with terrestrial boosters or 2 purely terrestrial

network. )

4.1 AWGN Channef{

A clear line-of-sight satellite link can be approximated with a AWGN channel. There is very little
multipath (Rician k factors generally below 10 dB) at satellite elevation angles above 20 degrees.
The measured performance of a System B receiver over a AWGN channel js shown in Figure 3. Also shown
are some comparisons between theory, simulation, and measurement results,
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Figure 3. System B Performance in AWGN
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Since System B can use several independent carriers in a FDM mode, carmier spacing is of interest.
Figure 4 shows the measured performance degradation as a function of adjacent carrier spacing. Spacing 1s
given as a ratio of carrier separation in Hz, to transmitted symbol rate in symbols per second. In System B
the symbol rate is equal to the data rate times the Reed Solomon overhead of 160/140, times the training
symbol overhead. )

Loss (dB)

RN
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Figure 4. Performance Degradation as a function of Carrier Spacing

4.2 SateBlite Channe}

The satellite channe! changes for mobile reception because the satellite signal is randomly blocked
by buildings, trees, and other obstacles. In order 1o evaluate System B performance under mobile reception
conditions, a mode] was established through a satellite signal measurement over a specific test course in the
Pasadena, California area. The test course takes 45 minutes to cover and includes a variety of reception
conditions, including open, moderately shadowed, and severely shadowed segments. The satellite signal
measurement was a narrow band measurement which yielded a dynamic range of over 35 dB. A time plot of
the mode! is shown in Figure $. Figure 6 summarizes the statistics of the signal measurement.
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4.2.1  Time Diversity

If only a single satellite signal is available, an effective mitigation technique is time diversity. A
delayed version of a data stream is multiplexed with the original data stream, with the expectation that at
least one version will not be blocked. The receiver realigns the two data streams in time and selects the one
with the fewest errors. This can be done on the basis of the Reed Solomon deceder error indication.

Retransmission of the data sream adds 2 3 dB penalty to the system, however it can be shown that
this is more effective than a 3 dB increase in link margin. Figures 7 and 8 show the effectiveness of time
diversity, using the Pasadena channe! mcdel. Figure 7 shows the joint probability of a fade exceeding a
range of link margins, averaged over all the model reception conditions. Note that most of the improvement
oceurs within about 4 seconds of delay. Figure 8 shows the joint fade probabilities, for a fixed 10 dB

margin, separated by different reception conditions.
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Figure 7. Joint Fade Probability vs. Link Margin Figure 8. Joint Fade Probability vs. Envirenment

4.2.2  Satellite Diversity

More than one satellite can be used to broadcast the same data stream, using separate frequencies
and separate receivers for each signal. The expectation with this technique is that at least one of the signals
will not be blocked because of the difference in direction from the receiver to the satellites.

The effectiveness of satellite diversity, as with time diversity, depends on the local geomelry of the
obstacies producing the signal blockage. Photogrammetric techniques have recently been applied to obtain
the statistics on the effectiveness of satellite diversity. These techniques involve taking photographic images
with a fish eye lens camera pointed at zenith, then analyzing them to determine the percentage of sky that is
clear, shadowed, or blocked. Satellite position can be overlaid on these images to give an assessment of

diversily gain over a specific location or path,

4.3 Single Frequency Network

A method for getting a satellite signal into very difficult reception areas is to use a network of on-
channel terrestrial retransmitters. System B uses equalization to work in this signal environment. The only
restriction in the use of equalization is that each signal is delayed at least one half symbol from every other.
There is no restriction as to how close boosters are to each other if different delays are incorporated in each

10
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ane The maximum delay between boosters will be set by the number of stages incorporated into the
equalizer.

4.3.1 © Channei Models

Two signal todels were set up to evaluate the performance of the System B equalizer. In addition,
the effectiveness of signal reception diversity was evajuated.

The firstis a Rician model, with one half the power in a ditect signal component. and one quarter
of the power in each of rwo Rayleigh components. The Doppler spread on the Rayleigh components was set
to +/- 213 Hz, which corresponds to a vehicle speed of 100 km/hy, at a carrier frequency of 2.3 GHz, The
Uransmission rate is 300,000 symhbols per second. Eb/No is detined on the basis of total signal power and

includes the eftect of the training sequence overhead.

The second is 2 Rayleigh mode!, with three cqual power Rayleigh signal components.

4.3.2  Equalizer Performance

Initial trade-offs and performance evaluation was accomplished using a “short-cut” simulation
approach that assumed signal time separation in integral symbols times and perfect symbol timing recovery.

The results are shown in Figure 9. The l”

I I

al II” ) qe, 1ot and Hee
Solomen decoding. An uncoded error rate of Lin 10E2 will be reduced to 1 jn 10E6 by the decoding

process,
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Figure 9. System B Ideal Equalizer Performance
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Figure 10 shows performance obtained with full scale simulatton, including open loop operation of
the carrier demodulation and symbol timing loops.
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Figure 10. System B Equalizer Performance
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The Laboratory RF Transmission Tests

DESCRIPTION EVALUATION

Calibration

l. Daily Check System Power

2. Daily System Spectrum Plot ﬂw(MM~4 ;Jg -Juat

34 Daily POF -rOlo\ w r'i{flijsjd.. M"' §i

4. Daily audio recording — ?A _ dﬁ?‘+ﬂ st T
: 05

5. Weekly analog channel proof _

6. Reference analog TX proof

7. Weekly calibrate modulation monitors
8. Proponent self check

9. Monthly calibrate test bed

Signal Failure Characterization
l. Noise

2. Co-Channel

3. Multipath and Noise

3a. AM -> DAR first

DAR Performance with Impairment

l. Impulse Noise

2. ¢cw

3. Airplane Flutter

4. Weak Signal Failure

5. Delay Spread/doppler

6. Additional Multipath with Noise
7. Environmental Noise (AM band)

DAR -> DAR with no other Impairments:
Co-Channel, First, and Second Adjacent

DAR -> DAR with Multipath: Co-Channel,
First, and Second Adjacent

DAR -> Analog no other Impairment:
Co-Channel, First, and Second Adjacent

DAR -> Rnalog with Multipath on FM:
Co—Channel( First, and Second Adjacent

Analog -> DAR no other Impairment:
Co-Channel, First, and Second Adjacent

Analog -> DAR with Multipath: Co- Channel,
First, and Second Adjacent 3

Reacquisition (Hysteresis)
1. Failure due to simulated weak signal
2. Failure due to multipath

Transmission Quality
1. Test materials selection
2. Transmission quality

IBOC -> Host Analog

1. Proof of Analog channel-

2. Interference to host Analog
3. Interference to host Analog
4. Interference with multipath

Host Analog -> IBOC
1. Host Analog to DAR
2. Host Analog to DAR with multipath

Multiple Spurious
1. DAR + FM -> FM

Outline of DAR/Subcarrier Compatibility
Tests

Subjective - Lab EO&C

(1] "

Lab EO&C
Lab EO&C

Objective
Subjective (analog) EO&C

Objective
Subjective (analog) EO&C

EO&C in Lab

EO&C in Lab

EO&C in Lab

Subjective
Subjective - Lab EO&C

Objective

T @ﬁ(

Subjective - Lab EO&C 1 oo

Lab EO&C

Lab EO&C



REVISION #9A Scptember 2, 1991

UNIFIED DAR LABORATORY TESTS
Test Group | Test & TEST PROCEDURE Tpeof | Sigtev | NB | IBAC | AM | PM | DBS | Test Resols Data to
mpairment | Note:  The audio impairment test material will be used for the POF test. Eval 4Bl IBCC | 1BOC be Recorded
A 1 Power L. The average and peak power will ba recorded for each system art the proponent test bed Objective | NA X X X X X Power {evel
input,
Calivration | (Daity) 2. IBOC analog and digital power will be read separatély, (For Systems where the digital signal '
cannot be transmitted scpararely, a spectrum anabyzer will be used Jor monitoring the power.)
3. For the USADR AM DAR power measurement, the composite signal power will be
measured with and without analog audio applied,
4. For the AM DAR system USASI neise will be used for the analog audio input,
2 Spectrum 1. Daily, a photo or X-¥ plot of the system RF spectrum will be taken. Objective | M X X X X X Spectrum record in
2, Weekly, a spectrum plot will be made, ’ s | lab log
(Daily) 3. For AM the spectrum analyzer will be set up in accordance with FCC 73.44. Working Group
B will establish spectrum analyzer sertings for the FM band. .
4. For IBOC systems any variations from FCC 73317 for FM and 73.44 for AM will be noed,
3 POF Gaussian noise will be added to the signal in 0.25 dB steps untjl POF oceurs, (For accurate EQ&C M X X X x X POF level
(Daily) perfornance monitoring, TOA and C-4 weak signal rests were added.)
4 Audio L A daily audio recording will be made of aj] of the proponent audio channels. EQ&C M X X X X X Digital audio
recording 2. The test lab specialist will listen to the audio on head phones for any obvious impairments. recerding for the
{Daily) record in lab log
5 Proof During the analog compatibility 1¢5ts. 2n automated proof of performance will be conducred Objective | Varving | NA | Na X x NA Record of frequency
1BOC weekly on the analog portien of the IBOC systems. The test will include the analog system response, separation,
(Weekly) performance with and without subcarrier groups A and B operating. A high quatity and distortion in lab
demedulator will be used for the test, (Hh systems where the wide band analog demodidaror log,
detects the digital signat during the analog proof, the digital transmitier will be tumed off by the lab
siaff. In these cases a stereo consumer receiver that is not sensitive o the digital signal will be
used 10 confirm the analog channel performance for these systems,)
6 Reference | A proof of perfermance test will be conducted on the AM and FM reference transmitters, with Objective | MA NA | X X X NA Objective 1est
analog TX and without subcarriers, prior 1o the compatibility test and at four week intervals during these records.
total proof tests. Both subcarrier groups wiil also be tested,
7 Manitor The AM and FM analog modulation moniters witl be calibrated on 2 weekly basis. The AM Objective | Na, Na [ Na Na Na NA [ Calibration record in
calibration analog modulation monitor wili measure bath peak and average modulatjon, lab log
(Weekly)
3 Proponent | This test will use the proponent self certification routine to determine if the DAR system is Objective | System X X X X X Note in lab log
self check operating within specified limits. need
9 Test hed All of the critical componentsin the test bed including the multipath simulator, attenuarors, Objuctive | NA NA | Na Na NA NA Calibration record in
calibration combiners, filters, generators, and meastring instruments will be calibrated on 2 monthiy lab log
(Monthiv) schedule,
Note: The test procedure changes of September 2, 1994 for tesis ALL AL and” A5 are showa in Mhilies.




Test Group

REVISION #94, Scptember 2. 1994

Test &

UNIFIED DAR LABORATORY TESTS

Impairment

TEST PROCEDURE
1. Impairment audio test material will be used for the digital audio signal,
2. Processed audio will be used for the IBOC analog audio signal. If audio processing is an
integral part of the proponent coder, unprocessed audio will be used.
3. At least three audio segments will be used for each impairment test,
4, The detajled procedure for noise measurements will be supplied,

Note:

Type of
Eval

Sig
Lev
dBf

NB

IBAC

AM
1IBOC

FM
IBOC

DES

Test Results Data 1o
be Recorded

B

Impairment
tests for
character-
ization of
DAR signal
failure

1 Noise

1. Gaussian noise wili be increased to POF (0.25 dB steps) and the level logged.
2. From the POF the noise will be reduced in 0.5 dB steps until the noise is 1.5 dB below the TOA.
Each .5 dB step will be digitally recorded for expert subjective assessment. (T minimize possible

measurernent variations caused by hysteresis, the aoise will be incredsed rather than decreased prior to
recording each 0.5 dB step.

3. Steps #1 & #2 will be repeated for each of the three impairment audio segments.
4. The data channel BER will be measurcd,

Subj &
EQ&C
in Lab

Noise Level at TOA
& POF

2 Co-
channel

1. The co-channel interference will be increased to TOA and POF (0.25 ¢B steps) and the level
logged.

2 From the POF, the co~channel interference wiil be reduced in 0.5 dB steps until the interference
is 1.5 dB below the TOA, Each .5 dB step will be digitally recorded for expert subjective
assessment. (To minimize possible measurement varations caused by hysteresis, the co-
will be increased rather than decreased Prior 1o recording each 0.5 B step.

3. Steps #1 & #2 will be repeated for each of the three impairment audio segments,

-channel signal

Subj &
EQ&C
in Lab

D/U at TOA and
POF

3 Multipath
with noise

1. This test will be conducted four times, each with different mulsipath scenarios. The multipath
parameters will be specified by the channel characterization sub-group of Working Group B.

2. A special multipath signal will be vsed for AM IBOC,

3. Without neise added, each of the multipath signal parameters will be assessed in the transmission
laboratory for impairments.
4. If impairments are heard, the signal will be recorded for further assessment.

3. For those multipath tests where no impairment is heard, noise will be added to the signal in 0.5dB
steps until the TOA and POF are found,

G. (For those systems that require noise to be added to hear multipath, seven digital audio recordings
will be made at the following noise levels: ] dB below TOA, 0.5 dB below TOA, TOA, 0.5 dB above
TOA, ar two equal points besween TOA and POF, and at POF. These digital recordings are for exper
subjective assessment.)

7. The noise level and the multipath parameters will be recorded in the laboratory log.

8. The data channel BER will be measured.

Subj &
EQ&C
in Lab

NA

Noise Level with
Multipath at TOA &
POF

3a AM ->
DAR firse

1. AM -> first adfacent DAR, replaces B-3 for AM systern only. B-2 procedure will be used for this
test. In step #1 first adjacent wili be substituted for co-channe.,
2. The dara channel BER wil! be measured.

5

Subj &
EQ&C

Na

NA

NA

NA

D/U at TOA and
POF

Note: The test procedure changes of September 2, 1994 for tests B.1.2, B.22

. B335, and B.3.6 are shown in fraiics.




Data
> Proponent
> Encoder
Digital
AES/EBU
Noise
Generator
Test B-1

0.25 4B
> Atten Combiner
0.25 4B
Bandlimited
Atten >
Filter

Reference #1

Signal failure characterization

Added noise - subjective

November 29,

Revision #s

All impedances 50 ohm unless indicated

Proponent
DAR
Decoder

RF
Spectrum
Analyzer

Digital
Powver
Meter

Two DAT
Machines
AES/EBU

Stereo
Monitor
Amplifier

Audio
Spectrum
Analyzer

BER
Test Set

Data

L

R
Digital
AES/ERU



0.25 4B

Combiner

Proponent
>
Digital |Encoder
Audio
AES/EBU
Proponent
Simulated
Encoder
Test B-2

Atten —>»—]
0.25 d8
Atten ——>

Signal failure characterization

Co-channel
November 29, 1993

Revision #6

All impedances 50 ohm unless indicated

Propenent
DaAR
Decoder

VvV VY

RF
Spectrum
Analyzer

Digital
Power
Meter

Two DAT

Machines

Stereo
Monitor
Amplifier

Audio
Spectrumn
Analyzer

Data

L

R
Digital
AES/EBU



Special unit

for AM
Data 0.25 dB Proponent > Data
> Proponent 5 Channel DAR > L
—>—Multipath Atten Combiner Decoder > R
>—-———— Encoder Generator > Digital
Digital AES/EBU
AES/EBU
0.25 dB
Noise Bandlimited
>t Atten >
Generator Filter RF
Spectrum
Reference #1 Analyzer
Digital
Power
Meter
Two DAT
Machines
' Stereo
Test B-3 Monitor
Amplifier
Signal failure characterization - subjective
Audio
Multipath and noise Spectrum
Analyzer
November 29, 1993
BER
Revision #6 Test Set
All impedances 50 ohm unless indicated




REVISION #94, September 2, 1994

UNIFIED DAR LABORATORY TESTS
Test Group | Test & TEST PROCEDURE Type of | Siglev { NB IBAC | AM FM DBS | Test Results Data to be
Impairment Note: 1. The DAR audio impairment test materiat will be used for these tests, Eval dBf 1BOC | IBOC Recorded
C 1 Impulse 1. A generaror capable of generating 10 nanosecond wide pulses with a rise and decay EQ&C M X X X X X Pulse amplitude in Volts
noise time of 3 to 4 nanoseconds will be used for the test. The pulse rate will be siowly sweep P-P at TOA & POF
DAR with from 100 Hz 10 1000 Ha. {Because these pulses do not producc energy in the L and §
special bands, these lests were conducted oaly in the medium wave and the VHF bands, ) BER a1 TOA
impairment 2. The pulse generator cutput will be mixed with the DAR signal.
3. The amplirude of the pulses will be increased until the TOA and POF is heard by the
taboratery specialist,
2OW L. The test will start with a slow RE sweep covering the DAR channel, EQ&C Mé&S X X X X X TOA & POF at sensitive
2. Starting at a low RF level, the sweep amplitude will be increased in 2 dB steps until the {Strong levels across the DAR
POF is heard. . was channei
3. The sweep will be frozen 2t the POF frequency. deleted)
4. The CW signal will then be manually swept across the band while increasing the CW
level and noting any further sensizive frequencies.
3 Airplane L. Tests will be conducted with nwo simuiated aircraft speeds of less than 250 MPH. EQ&C | W&a&M | X X NA X NA | Multipath parameters at
fluster 2. The simulated reflected signal will be increased until the TOA or POQF is heard by the TOA & POF
lab specialist,
Note: Simulated aircraft speeds to be set by the RF channe] characterization task force.
4 Weak signat | 1. Starting with a medium signal level, the signal wil! be reduced to TOA & POF (0.25 dB | EO&C Varying | X X X X X Signal level at TOA &
steps) (Steps were changed 1o 7 dB.) POF
2. A single audio impairment recording will be used for this test,
5 Delay Systems will be tested with four simulated multipath and motion extremes: EQ&C M X X NA X X Signal level at TOA &
Spread/ 1. Fiat or short multipath with slow and fast motion. POF
doppler 2. Long multipath with slow and fast motion.
Note: The final multipath scenarios for this test will be set by the RF channel
characterization subgroup.
6 Additionat L. This test will be conducted with four additional multipath scenarios not used in test B-3. | EQ&C M X X NA X NA | Signal level at TOA &
multipathwith | 2. For those multipath tests where no impairment is heard, noise will be added 10 the in lab POF
noise test signal in .5dB steps unti} the POF is heard.
3. From POF the noise will be reduced in 0.5 dB to find the TOA.,
7 This test will compare AM and DAR reception with the following environmental EQ&C [wW&M | Na | Na X NA NA | Interference amplitude at
Environmental | interferences: TOA & POF
noise (AM 1. Varjable gated RF noise.
band)

Note: Test procedure changes of September 2, 1994 for tests, C.1.}, C.2 Signal Level,

and C4.1 are shown in Jralics




AES/
>

>
Data

Combiner

EBU 0.25 4B
Proponent
——— Atten (—>—
Encoder
0.25 dB
Inmpulse
Atten
Generator
Test C-1

DAR with impairment - E0&C
Impulse noise EO&C
November 29, 1993

Revision #6

All impedances 50 ohm unless ind

icated

TEST EQUIPMENT

Proponent
DAR
Deccder

RF
Spectrum
Analyzer

Digital
Power
Meter

Two DAT
Machines
AES/EBU

Stereo
Monitor
Amplifier

Audio
Spectrum
Analyzer

Wide Bang

Oscilloscope

> AES/EBU

—— T

> R
> Data



AES/EBU 0.25 dB

>——— Proponent Proponent > AES/EBU
Atten —>— Combiner DAR > L
>— Encoder Decoder > R
Data > Data
0.25 4B
cwW
Atten —>p |
Generator RF
Spectrum
Analyzer
Digital
Power
TEST EQUIPMENT Meter
Two DAT
Machines
AES/EBU
Stereo
Test C-2 Monitor
Amplifier
DAR with impairment - EO&C
Audio
CW Spectrum
Analyzer
November 29, 1993
CW Wide Band
Revision #6
Generator Oscilloscope
All impedances 50 ohm unless indicated




AES/EBU

N

> Proponent
> Encoder
Data

Test C-3

& Channel

0.25 dB

Multipath
Generator

Atten

DAR with impairment - EP&C

Airplane flutter

November 29, 1993

Revision #6

All impedances 50 ohm unless indicated

TEST EQUIPMENT

Proponent
DAR
Decoder

>
>
>
>

RF
Spectrum
Analyzer

Digital
Power
Meter

Two DAT
Machines
AES/ERU

Stereo
Monitor
Amplifier

Audio
Spectrum
Analyzer

AES/EBU

L
R
Data



AES/EBU 0.25 dB
>————— Proponent

—>—- Atten

p-2
Data

Encoder

Test C-4

Signal failure characterization - subjective
Weak signal
November 29, 1993

Revision #s6

All impedances 50 ohm unless indicated

Proponent
DAR
Decoder

RF
Spectrum
Analyzer

Digital
Power
Meter

Two DAT
Machines
AES/EBU

Stereo
Monitor
Amplifier

Audio
Spectrum
Analyzer

> AES/EBU
> L

> DATA




AES/EBU

0.25 dB

Atten

> Proponent 6 Channel
~—>—Multipath
> Encoder Generator
Data
Test C-5

DAR with impairment - EP&C

Delay spread/doppler

November 29, 1993

Revision #s

All impedances 50 ohm unless indicated

TEST EQUIPMENT

Proponent
DAR
Decoder

RF
Spectrum
Analyzer

Digital
Power
Meter

Two DAT
Machines
AES/EBU

Stereo
Monitoxr
Amplifier

Audio
Spectrum
Analyzer

> AES/EBU
> 1,

> R

> Data



for aM
Data
> Proponent 5 Channel
—>— Multipath
> Encoder Generatoxr
Digital
AES/EBU
Noise Bandlimited
._.>-.-.....
Generator . Filter
Reference #1
Test C~6

Special unit

0.25 dB

Atten

0.25 dB

Atten

Combiner

Additional multipath with noise - E0&C

Multipath and noise

November 29, 1993

Revision #6

All impedances 50 ohm unless indicated

Proponent
DAR
Decoder

RF
Spectrum
Analyzer

Digital
Power
Meter

Two DAT

Machines

Stereo
Monitor
Amplifier

Audio
Spectrunm
Analyzer

YV V VYV

Data

L

R
Digital
AES/EBU



Combiner

0.25 dB
Proponent
> Atten |——>
Digital |Encoder
audio
AES/EBU
0.25 4B
Environmental
Noise - Atten |—>
Generator
Test C-7

DAR with impairment - EOQ&C
Environmental noise {(AM band)
November 29, 1993

Revision #s

All impedances 50 ohm unless indicated

TEST EQUIPMENT

Proponent
DAR
Decoder

RF
Spectrum
Analyzer

Digital
Power
Meter

Two DAT
Machines
AES/EBU

Stereo
Monitor
Anmplifier

Audio
Spectrum
Analyzer

Wide Band

Oscilloscope

> I

> R

> Digital
AES/EBU



REVISION #9 November 29, 1993

UNIFIED DAR LABORATORY TESTS

Test Group Test Number TEST PROCEDURE Type of Siglev | NB | IBAC | AM FM DBS | Test Results &
and Eval dBf IBOC | IBOC Daza 1a be
Impairment Note: 1. The undesired DAR signal will be gencrated with 2 simulator supplied Recorded
by the each proponent,
2. The desired DAB signal will be modulated with unprocessed
impairment test audio sequences.
D ] 1. The undesired co-channel DAR signal will be increased vntit the TOA and EOQ&C in M X X x x X DAY & Levels at
Co-channel POF are heard by the lab speciaist {0.25 dB resolution). Lab TOA & PQF
DAR -> DAR 2. A digital audio recording will be made of the desired signal with the
interference set at TOA. (note this is a duplication of test B-2) Data BER at POF
-1dB
2 L. The undesired first adjacent DAR signal will be increased until the TOA and EQ&Cin M X X X X X DU & Levels at
First adj POF are heard by the lab specialist (0.25 dB resolution). Lab TOA & POF
2. A digital audio recording will be made of the desired signal with the
interference set at TOA, Data BER at POF
-1dB
Note: This test will be conducted on both the upper and lower first adjacent
channels and in both modes for the AmatVATET system.
3 1. The undesired second adjacent DAR signal will be increased until the TOA EQO&Cin M NA | X X X NA | D/U & Levels at
Second adj and POF are heard by the lab specialist (0.25 dB resolution), Lab TOA & POF
2. A digital audio recording wil! be made of the desired signal with the

interference set at TOA.

Note: This test will be conducted on both the upper and lower secand adjacent
chiannels and in both modes for the Amati/ATET system

Data BER at POF
-1 dB

Note: For the IBOC system tests, Expert Observation and Commeantary (EQ

&C) will be made by the laboratory specialist on the performance of the analog audio channel.
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REVISION #9 November 29, 1993

UNIFIED DAR LABORATORY TESTS

Test Group Test Number TEST PROCEDURE Type of Sig NB | IBAC | AM FM ' | DBS | Test Results &
and Eval Lev IBOC | IBOC Data 10 be
Impairment Note: 1. The undesired DAR signal will be generated with a simulator dBf Recorded
supplied by the each proponent.
2. The desired DAB signal will be modulated with unprocessed
impairment test audio sequences,
E 1 Note: This test will be conducted in conjunction with test B-2, EQ&Cin M X X X X NA | TOA and POF
Co-channel 1. This test will be conducted four times, sach with different multipath scenarios. | Lab levels for each
DAR -> DAR The multipath scenarios will be specified by the channel characterization sub- undesired signal
with multipath group of Working Group B. and multipath
2. Without ¢o~channel added, each of the multipath scenarios wili be observed scenarios
by the transmission laboratory specialist,
3. The test in step #1, conducted four times with 2 different multipath on the
desired signal, will now be conducted four times with multipath on the desired
and un-desired signal.
4. For those multipath tests where no impairment is heard, co-channe|
interference will be added to the signal until TOA and POF are heard.
5. Listening with the interference set a1 TOA. the multipath will be removed.
Any change in the impairments will be noted. Also, any changes in BER will be
logged.
6. For the AM test the desired and undesired signal will have simultaneous
amplitude fluctations to simulate the AM band.
2 Same as Co-channel Test, E-1. EO&Cin M X X X X NA | TOA and POF
First Lab levels for each
adjacent Note: This test will be conducted on both the upper and lower first adjacent undesired signal
channels and in both modes for the Amati/ATET system, and multipath
scenarios
3 Same as Co-channel Test, E-1, EQ&Cin M NA | X X X NA | TOA and POF
Second lab ievels for each
adjacent Note: This test will be conducted on both the upper and lower second adjacent

chanpels and in both modes for the Amati/AT&T system,

undesired signal
and multipath
scenarios

Note: For the IBOC system tests, Expert Observation and Commentary (EQ

&C) will be made by the laboratory specialist on the performance of the analog audie channel,
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REVISION #9 November 29, 1993

UNIFIED DAR LABORATORY TESTS

Test Group Test Test Description Type of Desired | NB | IBAC | AM FM DBS | Test Resuhs &
Naote: 1. These tests will compare the analog ->analog and DAR -» analog Eval Sig Lev 1BOC | IBOC Data
interference. dBf to be Recorded
2. The undesired DAR audio will be processed ro¢k music, '
F 1 1. The five FM stereo, one mono, one with subcarrier group A, and one subcarrier Objective | W &M | Na | X X X NA 1 D/U with audio
group B receivers selected by the working group will be used for the DAR tests. S/N specified
DAR «> analog ] Co-channel Two stereo and 2 mono AM receivers will be used for the AM tests.
objective 2. The AM transmitter wilt be set for 100% modulation with a 400 Hz tone, The RBDS errors
FM transmitters will be set for 75 kHz deviation with 400 Hz tone (left channe| for all
Interference to only), pilot, and subcarrier groups A or B, The subcarrier groups will be tested conditions
an analog alternately,
receiver with no 3. The interference will be the audio signal voltage (noise) measured in dB below SCA noise for
other the 400 Hz level set in step #2, The CCIR recommendation $12-4 weighting filter all conditions
impairments will be used.
4. With the undesired signal increased until the resulting audio signal/noise ratios Test digital sub
are 35 and 50 dB, the D/U wil] be measured for the interference combinations:
noise -> analog, analog -> analog, and the DAR -» analog. For the AM IBOC
interference tests, the signal/noise will be set at 25 and 40 dB.
2 The first and second adjacent channel tests are the same as Co-channet Test, F1, Objective M NA | X X X NA Same as F-1
First
adjacent The first and second adjacent channel measurements will be made both above and
3 Second adj below the desired signal frequency, and the results averaged. Objective M NA | X » % NA Same as F-1
4 L After 1est F-1 is completed, a panel from WG B will review the objective data Subjective | M NA | X X X NA | NA
Co-channel and seleet four receivers for FM and two reccivers for AM that are the most EQ&C
subjective suitable for this test,
2. The analog transmitters will be setup using the procedure in test F-1 step #2.
3. The DAR transmitter will be g2ted on and off at 3 second intervals for this test,
4. The desired audio signal will be a moderately processed FM stereo signal,
5. Classical music, rock music, silence, and spoken voice will be used for the audio.
6. This test will be conducted with analog -> analog and DAR -> analeg
interference that produced S/ ratjos of 35 and 50dB as in test F-1, For the AM
IBOC interference tests, the signalfnoise will be set at 25 and 40 dB. The noise
and analog interference is the reference,
7. Step #6 will be recorded on digital audio tape.
5 First adj Same¢ as Co-Channel Test, F-d. Subjective M NA | X X X NA NA
Note: For step #6 the data will be taken from F-2, EQ&C
6 Second adj | Same as Co-Channel Test, F-4, Subjective M NA [ X X X NA | NA
Note: For step #6 the data will be taken from F-3, EQ&C




L > Desired 0.25 dB
R > AM/FM Stereo Combining
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UNIFIED DAR LABORATORY TESTS

Test Group

Test

Test Description
Note: 1. These tests are intended 1o subjectively compare analog -> analeg
interference with DAR «» analog interference with multipath.

2. These tests are not intended to measure the interference 1o an 1BOC
host station.

3. The undesired DAR audio signals will be processed rock music.

Type of
Eval

Desired
Signat
Level in
dBf

NB

1BAC

AM
IBOC

, 1IBOC

DBS

Test Results &
Da1a
to be Recorded

G

DAR ~> analog
with multipath

Interference 1o
an analog
receiver with
multipath on the
desired and un-
desired signals

1
Co-channel
subjective

1. This test will be conducted four times, each with different multipath scenarios,

The multipath scenarios will be specified by the channel tharacterization sub-
group of Working Group B. The AM test will be canducted with amplitude
signal level flucnuations,

2. The one mono and five FM stereo receivers selected by the working group
will be used. Two FM receivers, each with one of the subcarrier groups A or B,
will be used. The gigital subcarrier will be tesred for BER using the time
varying multipath on a single receiver. Two stereo and two mono AM receivers
will be used for the AM tests.

3. Atleast one of the FM stereo receivers should have poor AM rejection,

4. The desired audio signal will be a moderaely processed AM or FM stereo
signal. .

5. Classical music, rock music, silence, and spoken voice will be used for the
audio.

6. The desired FM channe! will be set for 75 kHz deviation with 400 Hz tone
{left channel only), pilot, and subcarrier groups A or B. The desired AM
channel will be set for 100% moduiation with a 400 Hz tone.

7. This test will be conducted with analog -> analog and DAR -> analog
interference paramerers that produced signal/noise ratios of 35 and 50 dB
interference in test F-1. For the AM IBOC interference tests, the signal/noise
will be set at 25 and 40 dB.

8. Step #7 will be recorded on digital audio tape for subjective evaluarion.

Subjective
& EO&C
in Lab

NA

Na

NaA

2
First
adjacent

3
Second
adjacent

First and second adjacent channel tests are the same as Co-channel Test, G-1

The first and second adjacent channel measurements will be made both above
and below the desired signal and averaged.

The AmatifATET systern will be tested in modes 1 ang 2.

Subjective
& EQ&C
in Lab

NA

NA

NA

Subjective
& EQ&C
in Lab

NA

NA

NA




Special for aM
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Special for aM
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>
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DAR ~> Analog with multipath on FM and
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e >
Mult
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Mecdulation
Monitor

Audio
Analyzer

Test G-1 Co-channel - EO&C & Subjective

Test G-2 First adjacent - E0O&C & Subjective
Test G-3 Second adjacent - E0&C & Subjective
November 15, 1993

Revision #5 .
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All impedances 50 ohms unless indicated
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UNIFIED DAR LABORATORY TESTS
Test Group Test Number Test Description Type of Sig Lev | NB | IBAC | AM M DBS | Test Results &
and Eval dBf IBOC | IBOC | Data to be
Impairment Note: 1. The analog signal will be modulated with processed rock stereo, The Recorded
FM transmitters will use subcarrier group A and subcarrier group B,
2 The DAB signal will be modulated with the impairment test audio.
H 1 1. The undesired analog signal {FM with subcarrier group A) will be increased EO&C in M NA | X X X Na D/U at POA &
Co-channel until the TOA and POF is heard by the lab specialist (025 dB steps). Lab POF
Analog-> DAR 2. For-the ¥M test step #1 will be repeated with subcarrier group B.
3. The TOA will be recorded on digitat tape for the record,
oioents | 2 Firstadi | 1. The wndesied S POg sgnal (EM with subcasrier group A) will be increased | EO&Cin | M | Na | X | x| % 12 | D0 o POA &
until the TOA and POF is heard by the lab specialist (0.25 dB steps). Lab POF
2. For the FM test step #1 will be repeated with subcarrier group B,
3. The TOA will be recorded on digital tape for the record,
Note: This test will be conducted on both upper and lower first adjacent channels
and in both modes for the Amati/AT&T system,
3 1. Two undesired upper and lower first adjacent analog signals {FM with EQ&Cin M NA | X x NA NA D/U at POA &
Simultaneous | subcarrier group A) will be increased until the TOA and POF is heard by the lab Lab POF
upper and specialist (0.25 dB steps).
lower first 2. For the FM test step #1 will be repezted with subcartier group B,
adjacens 3. The TOA will be recorded on digital tape for the record.
4 Same as first adjacent channel test, H-1. EQ&C in M NA [ X X X NA DAJ at POA &
Second adj Lab PO¥
Note: This test will be conducted on both upper and lower second adjacent
channels and ist both modes for the Amati/AT&T system,
5 Same as simultaneous upper and lower first adjacent test, He3, EQ&Cin M NA [ X X X NA D/U at POA &
Simultaneous Lab POF
upper and
lewer second
adjacent
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L
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Note:

'Desired
Proponent
DAR
Encoder
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Atten

- S—

Undesired #1
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Transmitter
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Groups A & B

Combining

Network

0.25 dB

Atten

Undesired #2
AM/FM Stereo
Transmitter
Subcarrier

Groups A & B

0.25 dB

Atten

Analog -> DAR

No subcarriers on AM

H~1l Co-channel -~ RO&C

H-2 First adjacent - EO&C

H-3 Simultaneous upper and lower

first adjacent - EO&C

H-4 Second adjacent - Eo&C

H-5 Simultaneous upper and lower

second adjacent - EQ&C
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UNIFIED DAR LABORATORY TESTS

Test Group Test Number TEST PROCEDURE Type of SigLlev | NB [ IBAC | AM FM | DBS | Test Resutts & Data
and Note:. 1. The FM signal will be modulated with processed rock stereo, Eval IBOC | 1BOC 10 be Recarded
Impairment subcarrier group A, and subcarrier group B. The AM audio signal will
be processed rock music.
2. The DAB signal will be modulated with the impairment test audio.
3. The AM tests will be conducted with amplitude signal variations.
1 1 1. This test will be conducted four times, each with different multipath scenario. EQ&Cin W&M | NA | X X X NA | D/U at TOA &
Co-channel The multipath scenarios will be specified by the channel characterization sub- Lab POF with multipath
Analog -~ DAR with group of Working Group B, and any change
with multipath multipath 2. The undesired signal will be increased to TOA and POF (0.25 dB steps). The without multipath
undesired signal wilt be reduced to the TOA. and then the multipath will be
added to the signal, If with multipath additional impairments are heard, the
undesired signal will be reduced to a new TOA.
2 Same as co-channal test, I-1. EO&C in WEM [ NA § X X X NA | Same as I-1
First adj with | Note: This test will be conducted on both upper and lower first adjacent channels | Lab
multipath and in both modes for the AmatyAT&T system.,
3 1. This test will be conducted four times, each with different multipath scenario EQ&Cin WEM NA | X X NA NA | Same as 111
Simultaneous | specified by the channel characterization sub-group of Working Group B. Lab
upper and 2. The undesired signal will be increased to TOA and POF (0.25 dB steps). The
lower first undesired signal will then be reduced to the TOA and multipath will then be
adjacent with | added. If with multipath additional impairments are heard, the undesired signal
multipath will be reduced to a new TOA.
4 Same as co-channel test 1-1 with two muttipath tests. EO&Cin WE&M | NA | X X X NA | Same as I-1
Second adj Lab
with
multipath
5 Same as simultaneous first adjacent channel test, 1.3, EQ&Cin WEM | NA | X X X NA | Same as 1-1
Simultaneons Lab
upper and Note: This test will be conducted on bath the upper and lower second adjacent
lower second | ¢hannels and in bath modes for the AmatfAT&T system,
adjacent with
muitipath




>—— Desired
AES/EBU| Proponent Multipath Combining
DAR
Encoder Simaulator Network
I —
Data
L  >——Undesired #1 0.25 dB
R >——AM/FM Stereo
81l >——Transmitter Atten
52 >— 8ubcarrier
D >——Groups A & B
L >—-Undesired #2 0.25 dB
R > AM/FM Stereo
S1 > Transmitter Atten >
52 > Subcarrier
D > Groups A & B
Note: No subcarriers on aAM
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UNIFIED DAR LABORATORY TESTS

Test Group Test Number TEST PROCEDURE Type of Sig Lev | NB | IBAC | AM FM DBS | Test Results
and Eval dBt IBOC | IBOC & Data to be
Impairment Note: 1. Continuous music will be used for the DAR audic modulzartion. Recorded
2. Hysteresis is the difference in dB between the signal level at POF with a loss of
lock or acquisition and the signal leve! with usable music (complete acquisition).
1 1. Noise will be added to the signal in 0.25 dB steps until POF. The POF level will be EQC&Cin | M X X X x X 1. Level at
J Simulated recorded, Lab POF
weak signal 2. The DAR transmitter will be disconnected from the receiver to assuze loss of lock. ' 2. Acquisition
DAR failure and 3. Three tests will be conducted with the noise reduced in 2dB, 448, & 6 dB below POF for time at each
Acquisition acquisition each test, noise jevel
and 4. The signal will be reconnected to the DAR receiver and acquisition time recorded for 3. Hysteresis
reacquisition each noise level, Acquisitionis the repraduction of usable music.
tests 5. EO&C comments will be recorded by the laboratory specialists.
2 1. This test will be conducted four times, each with different mulripath scenario, The EQ&Cin [ M X X NA X X Acquisition
Simutated multipath parameters will be specified by the channel characterization sub-group of Lab time for each
acquisition Working Group B. multipath and
with multipath | 2. Nojse will be added until the signal fails. noise
and noise

3. The DAR transmitter will be disconnected from the receiver to assure loss of lock
4. A different scenario will be selected,

5. For each of the multipath scenarios, three tests will be conducted with the noise reduced
10 2dB, 4dB, & 6 ¢B below POF for each test.

6. The signal will be reconnected to the DAR receiver and acquisition time recorded for
¢ach of the test parameters in step #5. Acquisitionis the reproduction of usable music,

7. For IBOC only, EQ&C comments will be made on the quality of the analog signal,

scenano.

Note: The derailed procedure for noise measurements is supplied in a separare document,
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UNIFIED DAR LABORATORY TESTS
Test Group Test Number Test Description Type of Sig NE | IBAC | AM M DBS | Test Results &
and Eval Lev 1BOC | IBOC Data to be
Impairment dBf Recorded
1. Selection 1. Digital test recordings will be submitted by members of Working Group B or Subjective M X X X X X NA
K of audio test | any party with an interest in DAR.
segments 2. Each of the selected quality test segment, shall not exceed 30 seconds. The
DAR quality impairment segments wilt be at least 1 minute,
a.Qualiry 3. Atleast 100 segments shall be considered by the working group.
b.Impairmen: | 4. Pre-processed digital audio tapes will be included.
c.Critical 5. Each of the original segments will be transmitted through each DAR system,
with and without impairments. The impairments will be noise and noise with
multipath, Each segment wil: be monjtored by the specialist in the transmission
laboratory. Segments that are considered critical by the specialist for quality or
impairment testing will be recorded for further approval,
6. The transmission test laboratory wil{ use the following criteria for selecting
the audio test materials:
2. Select at least § segments that are capable of evaluating system quality.
b. Select ar teast 3 segments for testing systems with transmission
impairments.
c. Select at feast 2 segments that are considered critical of each proponent
encoding system.
7. The final certification of sclected materials will be made in a CCIR type
listening room by experts approved by WG-B.
8. If at least 2 critical segments cannot be identified for each propanent,
additional segments will be abtained.
2 Quality 1. The quality test materials selected in test K-1 will be transmitted through Subjective M X X X X X Level at POF
transmission each DAR system and recorded digitally, EO&C in Noise at POF
test 2. For subjective assessment, each recorded segment will then be sent to the Lab

subjective assessment iaboratory.
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UNIFIED DAR LABORATORY TESTS September 9, 1993
Test Group Test TEST PROCEDURE Type of Desited | NB | IBAC [ AM FM DBS | Test Results &
Eval Sig Lev 18CC | IBOC Data
Note: 1. The signal level for the composite IBOC is for both digital and host dBf to be Recorded
FM in dBIl.
2. IBOC digital always includes the host analog signal.
3. The IBQC digital signal will be heavily modulated with procassed audia. !
4. Amat/AT&T will be tested in both modes.

L 1 1. The host FM channel will have the stereo separation, distortion, frequency Objective M NA | NA X X NA | Performance
Hest analog response. and noise measurements conducted with precision demodulator with and
quality (broadcast proof). A monophonit proof will alsc be conducted on the analog AM. without subs,

-

DAR -> analog p 1. A precision FM demodutator, ene mono, five EM stereo, and two receivers with Objective | Varying | NA | NA X X NA Plot

IBOC to host 1IBOC to0 subtarrier groups A and B will be used for these FM tesis. Two mone and wo input/output

analog host analag stereo AM receivers will be used for the AM tests, WtoS audio

2. The host and reference FM transmitters wilt be set for a total 75 kHz deviation (distortion &
with 400Hz tone(left channe! only), pilot, and with subcarrier group A or siibcarrier freq. response)
group B, The AM transmitters will be set for 1006% modulation with a 400 Hz tone.
3. A separate analog transmitter will be used for the reference. Subxarrier
4. For each test receiver, a plot of the input/output characieristics of the IBOC performance
analog signal and the analog reference will be made. both digital &
3. The performance of both subcarrier groups will be objecrively measured, analog
3 1. The same receivers used for test L-2 wil} be used for this test, Subjective 1 W& S NA | Na X x NA Subjective
1IBOC 10 2. The desired audio signal will be moderately processed. EQ&C
host analog 3. Classical music, rock music, silence, and spoken voice will be used for the audio,
4. The host and reference FM channets will be set for a tozal 75 XHz deviation with
400 Hz tone (fefr channet oxly), pilot, and with both subcarrier groups. The
separate reference AM transmitter will be set for 1005 moduiation,
5. For each test receiver, a digital audio recording will be made of the IBOC anzlog
audio signal and each receiver with the analog reference,
6. Both subcarrier groups will be monitored for quality,
4 1. The same receivers used for test L-2 will be used for this test, EQ&C Wé&s NA | NA X X NA RBDS and
IBOC 1o 2. The desired audio signal will be a moderately processed. digital errors
host analog 3. Classical music, rock music, silence, and spoken voice will be used for the audio,
with 4. The pracedure outlined in L-3 step #4 will be used 10 setup the transmitters.
muitipath 5. Both subcarrier groups will be used for this test.
6. Four multipath scenarios selected by the RE channel characterization subgroup of
WG B will be used. Noise will be added 1o the multipath to bring the multipath up
to the TOA on the analog receivers, Dynamic signal amplitude variations will be
substituted for the AM rest.
7. At the two signal levels and for each test receiver, an EO&C report will compare
the IBOC analog signal quality and the analog reference signat quality,
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November 29, 1993

UNIFIED DAR LABORATORY TESTS
Test Group Test TEST PROCEDURE Type of Desired | NB | IBAC | AM ™M DBS | Test Results &
Note: 1. The signal level for the eemposite IBOC is for both digital and host Eval Sig Lev 1IBOC | IBOC Data
FM in dBf. dB([ 10 be Recorded
2. 1BOC digital always includes the host analog signal,
3. The analog signat will be heavily modulated with processed stereo rock
musie. The FM signal will include both subcarrier modes.
4. The DAR signal witl be modulated with the impairment audio test
material,
M 1 1. The IBOC analog modulation will be alternately switched on and off while EQ&Cin | W&M | NA | NA X X NA EQ&C
Host analog listening to the DAR audio for impairments. Lab
Analeg -> DAR to IBOC 2. Both PM subearrier modes (A & B} will be switched on and off while listening
digital with to the DAR audio for changes in impairments,
Analog to host no other 3. The test results wilt be recorded on digitat audio tape. .
1BOC impairments
2 1. Four multipath scenarios selected by the RF channel characterization subgroup EOQ&Cin [W&M | NA | Na X X NA EQ&C
Host analog of WG B will be used for this test, Lab
to IROC 2. Amplitude varying signals will be used for the AM st
digital with 3. The IBOC analog modulation will be alternately switched on and off while
multipath listening to the DAR audia for impairments.

4. Both FM subcarrier modes (A & B) will be switched on and off while listening
to the DAR audio for changes in impairments
5. The test results will be recorded on digital audio tape.
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UNIFIED DAR LABORATORY TESTS
Test Group Test Number TEST PROCEDURE Type of Sig NB | IBAC | IBOC | DBS | Test Results
and Eval Lev & Data to
Impairment Note: 1. This test is IBOC specific. dBf be Recorded
2, In addition to co-channet and adjacent channel minimum separations, Part 73.207
of the FCC rules specifies minimum distance separation requirements for FM
stations operating at 10.6 MHz and 10.8 MHz (20.7 MHz IF) above and beiow the
operating channel, Using the receiver generated interference caused by two FM
stations operating with the 10.7 MHz separation as the reference, Test N wil)
compare the two FM interference (reference) with the interference caused by an
IBAC and FM station operating with the same RF power level,
N 1. Reference The following test frequencies and procedures will be used to characterize the reference EO&C in NA NA | X NA NA | 30dB Audio
receiver. Lab SN
Mu!tip!c
spurious {10.6 RF GEN 1= 94,1 MHz
MHz & 10.8 Receiver = 99.95 MHz
MHz) RF GEN 2= 104.8 MHz
RF1= the RF level from a single generator will be set to give 30 dB S/N at the tuning
frequency (99.95 MHz).
RF2= the RF level of both interfering generators will be set to give 30 4B S/N.
2. Test Using the analog test receiver the proponent IBAC system will replace RF GEN 1 (94.1 EQ&C in NA X X NA NA | Changes in
MHz), The average power of the IBAC transmitter will be set for the same power level as Lab Subjective
the signal generator it replaces, Any difference in subjective interference witl be noted in the Interference
EQ&C,
July 17, 1995
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vo% outline of DAR/Subcarrier Compatibility Tests REVISION #9A
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Subcarrier Test Group A Subcarrier Test Group B Subcarrier Test Group C Subcarrier Test Group P
{Undesired)
RBOS 3X | RBOS 10% 1 67 kHz 1D%
65,5 kHz Digital 8.5% | 67 kiz 10% ;| 92 khx 10X
92 kH: 5,5% 92 kHz §is Olgltal Data 10¥
SUBCARRIER TESTS
DAR -> ANALOG anc AMALOG => DAR
Deseription Test 67 kHz 92 kiz RBDS REDS Digitet Sub
SCA SCA 2.5% 10% 65,5 kHz
Amzlog Analog BER
Qual fty Qual ity Test Test
F f-1 Co-channel objective X X X X X
pAR -> F-2 Flrst adjacent objective X X X X X
Anslog
F-3 Secend adiacent objective X X X X X
intarference .
to analeg F-4 Co-channel subjective X X HA - WA HA
receiver
with no F-5 first adjacent subjective X X HA NA HA
other
irosirments F-& Secord edjacent subjective ¥ X HA HA NA
G G-1 Co-rchannel subjective X X X X X
DAR -» G-2 First adjacent subjective X X X L3 X
analeg nith ;
rultipath 4-3 Second adjacent subjective X X X X X
K §-1 Co-channel FM SIGNAL SUSCARRIER TO DAR COMPATIBILITY TEST
Analog -> 8-2 First adlacent “
DAR o cther
impairents H-3 Simultaneous upper & lower first n
£020 K-4 Second sdjacent "
104 & por K-3 $imJltaneous upper & lower secorxi "
I 1-1 Le-channet with multipath . FM SIGHAL SUBCARRIER TO DAR COMPATIBILITY TEST
Analog -» 1-2 First ed] With miitipath "
DAR With
il tipath 1-3 Simulteneous up & low with multipath 5
EOZC 1-4 Second ad] with multipath "
TOA & POF
i-5 Simuttaneocus second up & (ow with HP "
L L-1 IBGC host analog quelity objective FM subcarrier -> stereo program audio obJective test
@ Wdith end without subcarriers Stbcarrier groups A and B will be independently used
DAR ->
snalog L-2 {BOC -> host analog objective X X X X X
180C to host
enalog L-3 1B0C -> host analog subjective X X NA RA WA
L-4 ]BOC -> host analog with WP subjective X X S X X X
L] M-1 Host analog -> 1BOC digital FM SIGHAL SUBCARRIER TO DAR COMPATIBILITY TEST
fost Anclog
to 1BCC DAR H-2 # ialtai .
E0SC in Lab ost anglog -> 1BOC digftal multipath FH SIGHAL SUBTARRIER TO DAR COMPATIBILITY TEST

Fi{ SIGNAL SUBCARRIER TO DAR COMPATIBILITY TEST: By independently switching on and off
aubcarrier group A and B, the error rate will be monitorad &t TOA., If an increase ia
noted wlth a subcarrier group on, the F¥ signal will be reduced until a new TOA is

logged.
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1. Introduction

This document contains a brief description of the test procedures that have been considered by the EIA-
DAR Working Group B for the implementation of both the Quality and Impairment subjective tests of the
DAR systems.

2. Facilities

The physical facilities available at the CRC are described in detail in [2], [3] and [4]. The same facilies
would be used for both the Quality and the Impairment subjective tests. They include a reference,
calibrated listening room, professional quality monitor loudspeakers, headphones and electronic equipment,
A custom made disk-based playback system, which incorporates several unique and important features for
testing high-quality audio systems, would also be used [5]. All audio materials to be used in the tests
would be recorded on the PC hard disk via an AES/EBU interface. Playback from the hard disk would also
be done via the AES/EBU interface. Listeners would control the presentation of the audio materials with
the help of a mouse and a video monitor screen shown in Figure 1. The audio materials to be compared are
typically 20-30 seconds long and are repeated indefinitely when listeners activate the infinite loop buiton on
the screen. Seamless switching between the “"A", "B" and "C" versions of the triple-stimulus is possible
either a) by pressing the left, centre or right button of a three-button mouse or, b) by clicking with the
mouse on the "A", "B" or "C" button displayed on the screen. A "zoom" tool allows the subjects to listen to
a smaller portion of any audio material to be compared and assessed. The start and end time of the portion
can be set anywhere within an audio material. Scores for both "B" and “C" versions (a hidden reference
and a coded version) are entered directly into the PC with the help of the mouse and a special scoring
screen which displays the CCIR 5-grade impaiment scale in the form of two adjusiable sliding

potentiometers.

3. Quality Subjective Tests

The method briefly outlined here is in compliance with the procedure recommended by the CCIR for testing
low bit-rate audio coding systems with small impairments and described in [1]. This method was discussed
at the EIA-DAR Working Group B meeting held at the CRC on March 11, 1993, It is described in greater
detail in {2], [3] and [4]. Copies of [2] and {3] were distributed previously to members of the Working
Group B, and were also available at the March 1993 meeting.

3.1 Selection of critical audio materials

As recommended by CCIR [1], only critical audio materials should be used. This should maximize the
ability of the subjective tests to discriminate among the DAR systems under tests. Since there is no
uriversally critical audio materials that apply to any system under any condition, the selection of critical
materials must be tailored to the particular set of DAR systems under test. One cannot simply take the
segments used in previous experiments and expect them to be suitable in a different experiment, especially
if new systems are being tested in the latter. In other words, the "criticality” of an audio material is not
inherent in the material, but comes about through the interaction between a material and a system. This is
clearly outlined in section 2 ("Audio Materials") of reference [2].

The responsibility of selecting the critical materials is to be delegated to a group of skilled expert listeners
{minimum 3) who shall work by consensus. Ideally, some of these listeners should understand how the
audio codecs of the DAR systems work so they can identify what type of audio materials are likely to be




critical. The starting point should be a very broad range of compact disk materials. This range san be
extended by dedicated recordings. Any stimuli that can be considered as potential broadcast material shall
be allowed. Synthetic signals deliberately designed to break a specific system should not be included. The
artistic or intellectual content of an audio material should be neither so attractive nor so disagrecable or
wearisome that the subject is distracted from his main task,

At least two materials that are critical for each DAR system are needed for the quality tests. Itis likely that
a given suitable audio item will turn out to be critical for more than one DAR system, This means that,
perhaps, a total of 8 to 12 different materials will tumn out to mect the requirement of two critical materials
per system for the 6 DAR systems presently under consideration.

Due to the complexity of the task, the selection panel should have access to: a) the hardware
implementation of the DAR systems under test, b} suitable listening facilities (listening room, high quality
loudspeakers and headphones) and c) library of compact disks. A succesful selection of critical materials
can only be achieved if sufficient time and resources are available. Past experience (i.e. ISO/MPEG
and CCIR subjective tests) suggests that it may take up to a month to uncover suitable materials for half a

dozen coding systems.

3.2 Subjective test procedures

The subjective tests per se can start as soon as the selection of critical materials is completed. As
recommended by the CCIR {1], only expert listeners should be used for testing audio systems with small
impairments. Good data from at least 12 listeners are needed for reliable evaluations of the DAR systems.
It is possible that some of the listeners used might tum out to be insufficiently sensitive to the quality
variations in the materials over the DAR systems, Accordingly, some 20 or more listeners may need to
participate in the tests to ensure sufficient acceptable data.

Assuming 6 DAR systems and 10 different audio materiais, a total of 60 trials would be needed for the
complete evaluation. These would be divided in two blocks of 30 trials, with one block of trials being
assessed in the first day by three expert listeners and the second block in the next day by the same listeners,
The actual tests, then, would require two days per listener to complete.

The moming of cach day would be devoted to training on the 30 items that will be rated in the afternoon.
Listeners will train three at a time in the same listening room where rating will take place. The training
phase would be quite informal and listeners would be encouraged to interact and to help each other in
detecting impairments. The disk-based A-B-C switching system would be used during training. "A" would
be the known reference and "B would explicitely be known to be a version processed by a DAR system
during training. The identity of DAR systems would not be known to the listeners, "C" is irrelevant during
the training phase. Three sets of Stax Lambda Pro headphones would be provided and could b used by
the listeners at their discretion, instead of or in addition to the loudspeakers, Listeners would be given a
maximum of three hours each day to train on a block of 30 items. Past experiences have shown that most
of the listeners took 2 to 2% hours to train on 30 items.

The 30 trials used for training in the moming would be broken down into three separate sessions of 10
trials each for the aftemnoon's blind rating sessions. Rating would be performed individually by each
listener. The effects of session order and time would be factored out of listeners ratings by using a rotation
scheme among the three listeners which is applied over the course of the entire experiment o a pre-aranged,




psendo-randomly ordered item sequences. Each listener would rest during the two rating sessions of the
other listeners which intervene between his or her next session, to minimise fatigue.

The A-B-C triple-stimulus presentation method would be used during blind rating, "A" would always be
known to the listener as the reference (i.e. the uncoded CD original), while one of "B" or "C" would be a
hidden reference identical to "A" and the other would be & version processed through a DAR system. The
listener would not know and will not be able to predict what the B-C assignment is on any trial. The task
will be to rate both "B" and "C" relative to "A". Any difference will be graded with the help of the CCIR
continuous 5-grade impairment scale, This scale is shown in Table 1. The disk-based playback system,
which allows seamless switching between "A", "B" and "C" for fine and detailed comparison, would be
used. Listeners would be allowed to take as much time as they need on each trial, switching as often as
they like, until satisfied with the numerical rating they have assigned to both "B" and "C". They would also
be free to use either the loudspeakers or headphones to make a judgement, whichever they felt was the most
critical transducer for any trial.

5.0

Imperceptible

4.0 -- Perceptible but not annoying

3.0 -- Slightly annoying
2,0 -- Annoying
1.0 -- Very annoying

Table 1 CCIR continuous 5-grade impairment scale

4, Impairment Tests

The impairment test procedure described herein is the result of discussions held within the EIA-DAR
Working Group B.

4,1  Selection of critical audio materials

A minimum of three critical audio materials will be needed for the each impairment tests. These materials
should be carefully chosen in a suitable listening environment by expert listeners by consensus. Materials
should be selected on the basis of their sensitivity to revealing coding artifacts produced by the various
channel impairments tested. It has been proposed that each segment be at least 1 minute long. The set of
audio materials selected for the impairment tests is likely to be different from the set used in the quality test.
In the absence of previous experience, it is not known how long it will take to select these audio materials.




Nonetheless, the identification of criical materials for the impairment subjective tests should  be
straightforward: those materials with the largest C/N (or D/U) ratio at POF shoud be the most critical ones
because they reach the POF at a lower bit error rate (BER).

4.2 Impairment levels

As proposed in [6], each audio material selected for the impaimment tests will be recorded, for each DAR
system and each type of impairmenit, at the following levels of impairment: CA, TOAIL, TOAZ, TOA3, S1,
52, ... , POF where!

CA = coded audioin a clear channel

TOAI1, TOA2, TOA3 = three stimulii in the close neighborhood of the approximate TOA
(Threshold of Audibility)

81, 82, ... = other intermediate levels of impaimments

POF (Point Of Failure)

For each of the above impaiment levels, the C/N (or D/U) ratios should be noted. Except for CA, each of
the above impairment levels should be separated by 0.5 dB in the C/N (or D/U) ratios.

4.3 Subjective test procedures

As proposed in [6], two separate experiments would be performed for each type of impairment considered:

Experiment 1: Threshold of Audibility

The purpose of this experiment is to provide a sensitive and reliable measurement of the TOA for various
type of channel impairments. This experiment would be performed using CA (the coded audio in a clear
charmel) as the reference and the three stimulii recorded in the close neighborhood of the approximate TOA
(.e. TOA1, TOA2 and TOA3). The goal is to determine which of TOAL, TOA2 and TOA3 is the true
TOA, Double-stimulus (A-B) presentation would be used along with a categorical rating scale {e.g. "B
identical to A" or "B different from A"). Some training would also be provided.

Experiment 2: Failure Characteristic

The purpose of the second experiment is to determine how the subjective quality of each DAR system
degrades with increasing levels of impairment. This would be established by using the uncoded CD
original as the reference against which the following stimulii would be compared and rated: CA, TOA (as

determined in experiment 1 above), S1, 82, ..., POF.

Because some of the degradations to be rated will be small (e.g. for CA and TOA), the triple-stimulus A-B-
C presentation would be used, where "A" is the known reference (unprocessed CD signals). One of "B" or
"C" will be the stimulus to be rated and the other one will be the hidden reference (i.e. a perfect replica of
"A"). The assignment of the stimulus and hidden reference to "B" and "C" will not be known to the judges
and will be arranged to be unpredictable to the listeners from trial to trial. For each trial, judges would be
asked to rate the difference between the known reference A" and version "B" as well as the difference
between "A" and "C" using the same CCIR continuous S5-grade impairment scale as in the quality
experiment discussed in section 3 (see Table 1). The numerical results of the Failure Characteristic




experiment could then be plotted for each DAR system and for each type of impairment in a manner- similar
to that shown in Figure 2.

Since the two first stimulii suggested above (.e. CA and TOA) will include mostly small degradations,
group training would be provided. Unlike the quality test, training would be performed on a subset only of
the items to be rated. This subset would include all the items with small impairments, namely all CA and
TOA versions, as well as a cross-section of materials from the other levels of impairments (i.e. S1 to POF
versions). The training procedure would be identical to that of the quality test (see section 3.2).

The listening panel would include a minimum of 6 expert-listeners. Blind rating would be performed
individually by each listener for both experiment 1 and 2. Listeners will use the disk-based playback
system described in section 2 which allows seamless switching between the stimulii to be compared.
Listeners will be able to take as much time as they need on each trial, switching as often as they like, until
satisfied with the numerical ratings they are asked to assign. ‘They would also be free to use either the
loudspeakers or headphones to make a judgement, whichever they felt was the most critical transducer on
any trial. Finally, they would be free to record any additional observations or commentaries they feel

appropriate for any trial.

The items to be rated would be ordered in an quasi-random, unpredictable way over the course of the
complete test procedure to ensure that time-correlated factors (such as fatigue) would not differentially

affect any level of any of the factors under test.
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Figure 1 Screen used by listeners during training and blind rating sessions




APPENDIX D

Delay Spread / Doppler Procedures



TEST C-5
DELAY SPREAD/DOPPLER

Enclosed is the committee approved CRC test procedure.

Each point was monitored for at least 30 seconds.
Classical audio was used for detecting impairments.
Three levels of impairment were recorded by the laboratory experts:

0 = Unimpaired
1 = Small Impairment
2 > POF Level of Impairment




Multipath "Stress Testing" of DAR Systems

B. Mclarnon (CRC)
Revised July 1994

1. Introduction

This document suggesls an approach fo testing DAR syslem performance over a wide range of
simulated muitipath conditions so that Ihe performance limils of a given syslem can be approximalely
esiablished. The channel simulalion system proposed for use in these lesls is the HP 11759C. The idea
is to evaluale system performance while varying the mullipath paramelers until the Point of Failure
(POF) of the system under lest is reached, and to repeat these lests until the domain of operation of that
system is defined. The lesls themselves would include informal listening lests lo define POF. In
addition, a test would be performed at each selling of the simulator lo measure the poinl of reacquisition
of the system under test afler loss of signal.

2. Simulation Hardware

The HP 11759C simulator can generale 6 independent palhs, and two unils can be operaled in tandem
lo generale 12 paths. The simulator has three modes:

(1) "Simulalion™ mode: the delay, amplitude and phase of each path can be sel independentily. The
amplitude of a given path can either be fixed, with a conslanl Doppler shill or phase shilt, or il
can be made to fade wilh a Rayleigh distribulion and specified maximum Doppler shill. The
latter mode produces a classical "U-shaped” Doppler spectrum for the corresponding palh. In
the Simulation mede, the simulalion runs conlinuously: however, the aclual fading pallern on a
given path repeals afler about 27 seconds.

(2) "Travel” mode: in this case, a simulation of a 15 km trip al constant speed lhrough an area with
up to six mullipath relleclors {or 12 with two simulators) is performed. The user specifies the
localion and loss faclor of each reflector, along with the localion of lhe transmiller, The delay
and path loss for each path is updaled al a rate of 10 times per second, and a log-normal
amplitude distribution is applied lo simulate wide-area lading (shadowing).

{3) ‘Dynamic™ mode: the seltings for each path are completely specified by he user. The length of
the simulation runs depends on the number of sellings in the dala file and the updale rale at

which they are fed 1o the simulator.

In all three cases, a dala file containing the simulator path setlings is prepared belore the simutation run.
During the run, the sellings are transmitted from the PG controller 1o the simulator al a fixed update rale.
This rale can be varied from 1 Hz 10 2.3 kHz. The “Simulalion" mode uses lhe maximum updale rale of
2.3 kHz, whereas the Travel mode uses an update rale of 10 Hz. In the Dynamic mode, lhe update rale

can be specified by the user.

Wilhin the constraints imposed by the simulator, we can vary the following paramelers:

) Multipath detay spread

) Maximurn Doppler spread

) Shape of the power delay profile
) Temporal behavior of each palh

The first lwo parameters are those which will be varied in order (o plot the system performance limits on
a delay vs. Doppler plol, Since diflerent mullipath profiles having the same delay spread may have



different effects on system performance, it is also useful to try several different ones. The temporal
variations possible with a given path vary with the mode, as explained above.

3. Channel Models

For these lests, the Simulalion mode is mosl appropriale. In order lo determine the sellings for the
individual paths, it is necessary to adopt a model. Il is suggested that, in developing the settings, the
COST 207 recommendations developed in Europe for GSM digital cellular system lests be followed. In
fact, these recommendations are the basis for the predefined multipalh profiles which come with the HP
simulator. Although the COST 207 model was developed for lesting 900 MHz systems, there is no
reason lo believe that the reai-world power delay profiles al VHF, L-band or S-band are radically ditierent
from those seen al 900 MHz (some significant differences between terrestriat and satellite channels may

be expecled, however).

The COST 207 report develops mullipath profiles for four different environments. Each profile has a
difierent shape and a different delay spread, as follows:

RA {rural area, non-hilly): sawtoolh shape, delay spread = 0.1 ms

TU (typical urban, non-hilly): sawlooth shape, delay spread = 1 ms

BU (bad urban, hilly): double sawloolh shape, delay 'spread =2.5ms
HT (hilty terrain): two separaled sawloolh shapes, delay spread = 5 ms

The four profiles are shown in the accompanying figure.

The report also provides recommended sellings for 6 and 12-palh simulalors to achieve these prolfiles.
Each path is characlerized by a time delay, allenualion, and type of Doppler spectrum. Rayleigh [ading
is applied to each palh. Four types ol Doppler spectra are delined:

CLASS: classical "U-shaped" specirum extending between the maximum Doppler shift limils

GAUS1: two narrow Gaussian specira, wilh the larger of the two on the negalive side of the
Doppler axis

GAUSZ: two naow Gaussian speclia, with the larger of the two on the positive side of the
Doppler axis

RICE: combination of an unscallered companent (direcl path) and the classical spectrum

In the recommendation, the CLASS type speclrum is used for paths with small delays (< 0.5 ms), and lhe
two Gaussian speclra are used for the longer-delayed paths. The RICE speclrum is used only in the RA
profile. This type of spectrum is also appropriale for sateflile channels. One limilalion of the HP
simulalor is that it cannol generale the Gaussian Doppler speclra. Rayleigh lading palhs can only have
classical U-shaped Doppler speclra {or no Doppler shift at all}). Thus it uses the CLASS type speclrum
for all paths in its predefined GSM tesl profiles, excep! for the single instance of RICE in the RA profile.
The COST 207 recommendalion allows the substilution of classical spectrum lor Gaussian, staling thal
“this approach is a wors! case of the time variance of the mobile radio channel”,




The predefined multipalh profiles for each environmen! were generated for one delay spread,
presumably reflecting typical conditions for thal environmeant. For the purposes of exercising the DAR
syslems, il will be necessary 1o produce a family of profiles, with progressively increasing delay spread,
for each environment. This can be done with a simple-scaling procedure applied to the individual path

delays.

4. Test Procedura: Outline

The basic lest procedure for a given simulaled multipath environment is 1o load the profile of simulator
seltings for the smallest delay spread, and then adjust the Doppler spread in increments untit the POF is
found (note that in this context, *profile” refers 1o a file slored on the PC which contains all of the settings
for a simulation run). This is easily done from the menu screen of the Simulation Mode of the simulator.
Changing the Doppler selling on any one of the paths automalically changes it for alf of the others.
Since the most siressiul siluations lend lo be al the extremes of the Doppler seltings (i.e., very slow and
very rapid fading) it is possible thal more than one POF will be found for a given delay profile selling.
For each Doppler selling before POF, a signal reacquisition tesl should be performed. Once the
performance of lhe system is fully characlerized for that delay spread, a new profile is loaded for lhe
next increment in delay spread, and Doppler is again varied in order to find the next POF points. This
process is conlinued for increasing delay spreads unlil a locus of poinls mapping out the limits of system
performance on a delay vs. Doppler plot is oblained (see Figure 2). The procedure then can be repealed
for the other environment types, lo see if system performance is dependent upon the nalure of the power

delay profile.

Preparalion for the tesls involves generation of a sel of scaled multipath profiles for each of the basic
profile types, and generation of a new sel of Rayleigh Fading Data files for the appropriate Doppler
shifts. The profiles have been generated at CRC, and are conlained on floppy disk. Generation of the
Rayleigh files is done wilh the HP IQMAKE utility, and should be done on the targel PC. Each of these
liles is about 3.1 MB, so there musl be sulfflicient disk space available for them. The Doppler values in

the following lable are suggested as a slarling poin.

Addilional values, if needed, can easily be generated by lhe IQMAKE facilily. Nole thal the maximum
Doppler shift which can be generaled by the simulator is 425 Hz. [f is suggested that the lesls for a
given delay profile begin with the Doppler selting corresponding 1o a vehicle speed of 30 kmvh al the
frequency of the system under test. From thal poini, the simulated speed can be varied downwards

towards zero and upwards lowards the maximum speed.

5. Preliminary Setup

Begin by copying the conlenls of the floppy disk 1o the directory where the channel simulation software
resides. [t is assumed lhat this direclory is CACHANSIM, I it is not, il may be necessary lo edil the
mullipalh profile files 1o change the IQDATA_DIR enlry. To avoid confusion with the new dala [iles 1o be
created, it would be a good idea to temporarily move any exisling fading data files (with filenames
RAY".IQ) lo another directory, Do the same for the CHANSIM.PRO file, if one exisls.




Maximum Vehicle Speed (kimvh)
Doppler
Shift (Hz) 100 MHz 1.5 GHz 2.36 GHz

0.067 0.043
0.2 0.13

0.093
0.28
0.46
0.93
1.39
2.78
4.63
6.94
8.26

13.89

20.83

27.78

41.67
69.44

104.17

138.89 1500

208.33 2250
312.5 3375

0.33 0.21
0.67 0.43

416.67 4500

Building the Rayleigh Fading Files:

It Is recommended thal the fading liles be crealed on the PC which conirols the simulator, lo avoid the
need o transier lhe files (the individual fites are too large 1o fil on a floppy disk, and they do not
compress significanlly). The sleps required lo creale the fading data files are as foilows;

(a) Ensure that there is suflficient hard disk space available on the PC. Building the dala files
for all of the Doppler shifis given in the table will require aboul 60 megabyles of disk space. 1l is
also importan! fo maximize the amount of RAM available, by loading DOS high and removing




any unnecessary resident programs and drivers (or loading them into high memory). The DOS
mem command should show al least 560K of available memory before you start.

(b} Enter the CHANSIM directory containing the simulation soflware and make sure thal the
IOMAKE.EXE program is present, All of the dala files in the table (a tolal of nineleen f:!es) can

now be created by simply entering:

MAKE
This is simply a balch file which conlains the command:

IQMAKE -r 100E6 1 35 101530 5075 100 150 225 300 450 750 1125 1500 2250 3375 4500

Depending upon the speed of the PC, this may take 6 hours or more to compiele,

RAY1.1Q, RAY3.1Q, elc., and each should be 3,147,241 bytes in lenglh. If it becomes necessary
lo build additional fading files later, use the IQMAKE program directly. For example, 1o build a
fite which provides the Doppler shifl encountered al 100 MHz by a vehicle travelling at 200 kph,

the command would be:

JIQMAKE -r 100E6 200

6. Running the Simulation

Rather than using the CHANSIM program direclly, the simulations are run by means of a batch program
which provides a menu for selecling different families of multipath profiles. This allows the user lo avoid
dealing with a limilation in lhe simulator software: il allows access 1o only 10 user-defined profiles at a

To stad the simulation, go to the CHANSIM directory and enter SIMUL. The lollowing menu

should be displayed:

Select one of the following environments:

Rural Area, 12 taps, Delay Spread =0.02 ~ 0.2 us
Typical Urban, 12 taps, Delay Spread = 0.2 ~ 2 us
Hilly Terrain, 12 taps, Delay Spread=5-~7.5 us
Bad Urban, 12 taps, Delay Spread =1 ~ 10 us
Bad Urban, 12 {aps, Delay Spread =11 ~20 us

L

Select 1-5, or q to quit:




Nole lhal the terms ‘ap' and ‘palh’ are used inlerchangably here. After a seleclion is made, the
CHANSIM program is called, and its main menu will be displayed. Proceed as follows:

1.

Select 8 for the Simulalion mode. This brings up the Simulation mode screen, which will initially
show all paths lurned off and the parameters sel to zero.

Set the RF and L.O frequencies which are appropriate for the ‘syslem under tesl, by moving the
cursor 1o the comesponding locations on the screen and hitling Enter, and then entering the
frequensy in MHz. This has lo be done for each group of three paths (and, unforlunately, has io be
re-entered each lime you leave the CHANSIM program to select a new environment type, since
when the program restars, the RF frequency reverls to the defaull of 900 MHz).

Now il is lime o select a mullipalh profile from the environment type previously selected. Hil ALT-P
and then R 1o recall the slored profile. This will bring up a selection of 10 different profiles from thal
environment, wilth a range of delay spreads as indicaled. Select a profile (lypically from the middle
of the range if you are using that profile for the first lime) and hil Enter.

When the profile loads, the parameter values in the Simulation screen will be filled in. The simulalion
will become aclive as soon as the load is completed, and will run conlinuously until a new selection is

made or the Simulation mode is exiled.

The Doppler shift can now be varied while the delay profile remains fixed. When the profile is
inilially loaded, the Doppler will be sel to a defaull value of 2.78 Hz, corresponding 1o a vehicle
speed of 30 kph al 100 MHz, This is a reasonable starling poinl for VHF tests, bul for the UHF
syslems, a new slafling Doppler value should be selecled which corresponds lo roughly 30 kph
vehicle speed al the fest frequency. For example, for 1.5 GHz, it would be appropriale 10 select the
file which provides a Doppler shift of 41.67 Hz. To select a new Doppler shift, move lo any one of ihe
RAY entries in the Spectrum selection par of the screen and hit Enler. The various Rayleigh fading
files for differenl Doppler shilts ihal were created previously wili be displayed. Use the cursor keys
(and PgUp/PgDn) to select the file desired and hil Enler. The simulation will resume with the new
Doppler selling as soon as the file Joads, and the Simulation screen will show the new
Doppler/vehicle speed setlings.

Tesls do nol necessarily have 1o be done for every Doppler value. The basic idea is lo explore the
domain of operalion of a system under lest and-show the resulls on a graph which plols delay spread
vs. Doppler spread (or vehicle speed). For a given environmenl lype, we hold the delay spread
constant and perform tests for different Doppler values. in order lo reduce the lotal number of tesls,
the increments in Doppler can be coarse al first, becoming finer as necessary lo zero in on ihe parts
of the domain where probfems become eviden.

When tests wilh different Doppler shifls are completed lor a given delay spread, return lo step 3 and
select a new profile with a dilferent delay spread (again, the increments in delay spread chosen may
inilially be fairly large, unlil lhe limils of the system under tesl become more evidenl). When tesls
are compleled for the environment and delay spread range available from the slored profile, hil Esc
10 exil from the Simulalion mode. Then at the main menu, selecl Q lo quil the CHANSIM program.,
This will return you 1o the environment seleclion menu. Make a new seleclion and relurn o slep 1

above,

A




Bad urban 2___
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Figure 2: Typical results for one DAR system
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APPENDIX E

HP 11759C Multipath Simulator



MULTIPATH SCENARIOS
DOPPLER AND RAYLEIGH
VHF, L, & S BANDS




HP 11759C MULTIPATH PROFILES

FILE NUMBER _ TEST DESCRIPTION

DARSOICOPRO  B-3  VHF RAYLEIGH 9 PATH SIMULATIONS
DARSOIIOPRO E VHF RAYLEIGH 9 PATH SIMULATIONS WITH CO-CHANNEL

DARS0G120PRO  C-6  VHF DOPPLER 9 PATH SIMULATIONS
DARS0130.PRO E VHF DOPPLER 9 PATH SIMULATIONS WITH CO-CHANNEL

DARS0140PRO  B-3 L-BAND RAYLEIGH 9 PATH SIMULATIONS
DAR90IS0.PRO E L-BAND RAYLEIGH 9 PATH SIMULATIONS WITH CO-CHANNEL

DARS0160.PRO  C-6 L-BAND DOPPLER 9 PATH SIMULATIONS
DARS0170PRO E L-BAND DOPPLER 9 PATH SIMULATIONS WITH CO-CHANNEL

DARS0180.PRO B-3  S-BAND RAYLEIGH 9 PATH SIMULATIONS
DARS0220PRO  SPEC VHF DOPPLER 3 PATH SIMULATIONS

DAR90240PRO  C-3  VHF Airplane Flutter Simulations
DARS0250PRO  C-3  L-BAND AIRPLANE FLUTTER SIMULATIONS

DARS0260PRO C-5 BAD URBAN 1 VHF CRC DELAY / SPREAD DOPPLER
DARS0270.PRO  C-5 BAD URBAN 2 VHF CRC DELAY / SPREAD DOPPLER
DARS0280.PRO  C-5 HILLY TERRAIN VHF CRC DELAY / SPREAD DOPPLER
DAR90290.PRO  C-5 RURAL VHF CRC DELAY / SPREAD DOPPLER
DARS0300.PRO C-5 TYPICAL URBAN VHF CRC DELAY / SPREAD DOPPLER

DARS0310.PRC  C-5 BAD URBAN 1 L-BAND CRC DELAY / SPREAD DOPPLER
DAR90320.PRO C-5 BAD URBAN 2 L-BAND CRC DELAY / SPREAD DOPPLER
DARS0330.PRO  C-5 HILLY TERRAIN L-BAND CRC DELAY / SPREAD DOPPLER
DAR90340.PRO C-5 RURAL L-BAND CRC DELAY / SPREAD DOPPLER
DARS0350.PRO  C-5 TYPICAL URBAN L-BAND CRC DELAY / SPREAD DOPPLER
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HP 11759C MULTIPATH PROFILES

DARS0100.PRO

#. Profile #1

O:TITLE "LIRBAN SLOW RAYLEIGH

GIQDATA DIR  "Cilchan_pew"

0:CORR_MODE 3X3

0:DELAY_RES LOW

0:CHAN_ATTEN 0.600000e+00 .000000e+00 0.000000e+00 0.000000e+00

0:GROUP_LOSS 0.000000e+00

0:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY OFF OFF OFF

O:IQFILE  "RAY2IQ" "RAYZ2.IQ" "RAYZ2IQ" "RAY2.IQ" "RAY2.1Q" "RAY2,IQ" "RAY2.IQ" "RAY2.1Q" "RAY2. lQ“ e
®:DELAY US 00000 0.2000 0.5000 0.9000 12000 1.4000 2.0000 2.4000 3.0000 0.0000 1.0000 2.0000
0:DOPPLER_HZ 0.1744 0.1744 0.1744 0.1744 0.1744 0.1744 0.1744 0.1744 0.1744 (.0000 2.0000 1.5000
0:PHASE_DEG 0.0000 0.0000 00000 0,06000 0.0006 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.6000
O:ATTEN DB 2.0000 0.0000 3.0000 4.0000 2,0000 0.0000 3.0000 5.¢000 10.0000 0.0000 2.0000 2.0000
0:CORRELATION 0.0000 0.0000 0.0000 0.0000 0,0000 0.0000 0.0008 0.0000 0.0000 0.0000 0.0000 0.0000

# Profite #2

I:'TITLE "URBAN FAST RAYLEIGH

LIQDATA _DIR "C:chan_new”

1:CORR_MODE 3X3

I:DELAY _RES LOW

[:CHAN_ATTEN 0.000000e+00 0.000000e+00 0.060000e+00 0.000000e+00

1:GROUP_LOSS 0.000000e+00

1:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY OFF OFF OFF

:HQFILE "RAYS2.IQ" "RAYS52.IQ" "RAY 52.1Q" "RAY 52.1Q" "RAYS2.IQ" "RAY52.1Q" "RAY 52.IQ" "RAY 52.1Q" "RAYS52.IQ"
I:DELAY US 0.0060 0.200¢ 6.5¢00 0.9000 1.2000 1.4000 2.0000 2.4000 3.0000 0.0000 1.0000 2.0000
1:DOPPLER_HZ 52314 5.2314 5.2314 5.2314 5.2314 5.2314 5.2314 5.2314 52314 0.6000 2,0000 1.50G0
1:PHASE_DEG 0.0000 0.0000 0.0000 0.0000 6.0000 0.0000 0.0060 0.0000 0.0000 0.0000 0.0000 0.0000
LEATTEN_ DB 2.0000 0.0000 3.0000 4.0000 2,0000 0.0000 3.0000 5.0000 £0.0000 0.0000 2.0000 2.0060
1:CORRELATION 0.0000 0.000¢ 0.6000 0.0000 6.0000 0.0000 0.00C0 ¢.0000 0.0000 0.0000 0.0000 0.0000

# Profile #3

2:TITLE "RURAL FAST RAYLEIGH"

2:IQDATA DIR "Cichan_new"

2:CORR_MODE 3X3

2:DELAY_RES LOW

2:CHAN_ATTEN 0,000000¢+00 0.000000¢+06 0.0000002+00 0.0000002+00

2:GROUP_LOSS 0.000000+00

2:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY OFF OFF OFF

ZIQFILE  "RAYI3LIQ""RAYI13LIQ" "RAYI3LIQ" "RAY131.IQ" "RAYI3LIQ" "RAY13LIQ" "RAYI3LIQ" "RAYI3LIQ"
"RAY13L.IQ" ™™™

2:DELAY_US  0.0000 0.3000 0.5000 09000 1.2000 19000 2.1000 2.5000 3.0000 0.0000 1.0000 2.0000
2:DOPPLER_HZ 13.0785 13.0785 13.0785 13.0785 13,0785 13.0785 [3.0785 13.0785 13.0735 0.0000 2.00G) 1.50C0
2:PHASE DEG 0.0000 0.0000 0.0000 0.0000 0.0000 0.000¢ 0.0000 0.0000 0,0000 0.6000 0.0000 0.0000
2:ATTEN_DB 4.0000 8.0000 0.0000 5.0000 16.0000 18.0000 14.0000 20.000G 25.0000 0.00600 2.0000 2.0000
2:CORRELATION 0.0000 0.0000 0.0000 0.0000 0.0000 0.0060 0.0600 0.0000 0.0000 0.0000 0.0000 £.0000

# Profile #4

3 TITLE "TERRAIN OBSTRUCTED FAST RAYLEIGH

3IQDATA_PIR  "Cichan_new"

3:CORR_MODE 3X3

3:DELAY_RES LOW

3:CHAN_ATTEN 0.000000e+00 (,000000e+00 0.000000¢+00 0.000000e+00

3:GROUP_L.OSS 0.000000c+00

3:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY OFF OFF OFF

BAQFILE  "RAYS2IQ""RAYS52.IQ" "RAYS2IQ" "RAY52IQ" "RAY52IQ" "RAY52.1Q" "RAY52.1Q" "RAY52.1Q" "RAY52.1Q" o
3:DELAY_US  0.0000 1.0000 2.5000 3.500¢ 5.0000 8.0000 12.0000 14.0000 16.0000 0.0000 1.0003 2.0000
3:DOPPLER_HZ 5.2314 5.2314 5.2314 5.2314 5.2314 5.2314 5.2314 5.2314 5.2314 0.0000 2.0000 1.5000
3:PHASE_DEG 0.0000 0,0000 0.0000 0.0000 0.0000 8.0000 0.0000 0.0000 0.0000 6.0000 0.6000 0.0000

T:ATTEN_DB  10.0000 4.0000 2.0600 3,0000 4.0000 5.0000 2.0000 §.0000 5.0000 0.0000 2.0000 2.0600
3:CORRELATION 0.0000 0.0000 £.0000 0.0000 0.0000 0.0000 0.0000 0.4¢00 0.0000 0.0000 0.0000 0.0000
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HP 11759C MULTIPATH PROFILES
DARS0110.PRO

# Profile #1

0:TITLE "URBAN SLOW WITH CO"

G:IQDATA DIR "Cichan_new"

0:CORR_MODE 3X3

0:DELAY RES LOW

0:CHAN_ATTEN 0.000000e+00 0.000000e+00 0.000000s+00 0.000000e+00

0:GROUP_LOSS 0.000000e+00

0:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY DOP DOQP DOP

OAQFILE ~ "RAY2.IQ" "RAYZ.IQ" "RAY2.IQ" "RAY2IQ" "RAY2.1Q" "RAY2.IQ" "RAY2.IQ" "RAY 2.IQ" "RAY2,JQ" ™ =
O:DELAY US  0.0000 0.2000 0.5000 0.9000 1.2000 1.4000 2.0000 2.4000 3.0000 0.0000 1.0000 2.0000
0:DOPPLER_HZ 0.1744 0.1744 0.1744 0.1744 0.1744 0.1744 0.1744 0.1744 0,1744 ¢.0000 2.0000 1.5000

0: PHASE_DEG 0.0000 0.0000 0.0000 0.0060 0.0000 0.0000 0.6006 0.0000 0.0000 0.0060 0.0000 0.0000
O:ATTEN_DB  2.0000 0.0000 3.0000 4.0000 2,0000 ¢.0000 3.0000 5.0000 10.6000 0.0000 2.0000 2.0000
0:CORRELATION 0.0000 0.0000 0.0000 0.6000 00000 0.0000 0.0000 0.0000 0.0000 0.6000 0.0000 0.6000

# Profils #2

I:TITLE "URBAN FAST WITH CO*

LIQDATA DIR  "Cichan_new"

1:CORR_MODE 3X3

I:DELAY_RES LOW

1:CHAN A'I'TEN 0.000000e+00 0.0000002+00 0.000000a+00 0.000060e+00

[:GROUP_LOSS 0.000000e+00

LISPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY DOP DOP DOP

LIQFILE  "RAY3S21Q""RAY32.1Q" "RAYS2.IQ" "RAYS2.IQ" “RAYS2.1Q" "RAY52.1Q" "RAY52. Q" "RAYS2.1Q" "RAYS52.1Q" m e
LDELAY US  0.0000 0.2000 0.5000 0.5000 1.2000 1.4000 2.0000 2.40G0 3.0000 0.0000 1.0000 2.0000
L:DOPPLER_HZ 5.2314 5.2314 5.2314 5.2314 5.2314 52314 5.2314 5.2314 5.2314 0.0000 2.0000 1.5000
I:PHASE_DEG 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0,0000 0.0000 0.0000 0.6000 £.0000 0.0000
LATTEN_DB  2.0000 0.0060 3.0000 4.0000 2.0000 0.0000 3.0000 5.0000 10.0000 0.0000 2.0060 2.0000
1:CORRELATION 0.6000 0.0000 0.0000 0.0G00 0.0000 0.6000 0.0060 0.0000 ¢.0000 0.0000 0.0000 0.0060

# Profile #3

2.TITLE "RURAL FAST WITH CO"

ZIQDATA_DIR  "Ci\chan_new"

2:CORR_MODE 3X3

2:DELAY_RES LOW

2:CHAN_ATTEN 0.006000e+00 0.000000e+00 0.000000+00 0.000000e+00

2:GROUP_LOSS 0.0000002+00

Z:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY DOP DOP DOP

ZIQFILE  "RAYI3LIQ""RAYI3LIQ" "RAY131LIQ" "RAY [311Q" "RAY [3LIQ" "RAY13LIQ" "RAY13L.IQ" "RAYI31.1Q"
"RAY131.IQ" v =™

Z:DELAY US  0.0000 03000 0.5000 0.9600 1.2000 1.5000 2.1000 2.5000 3.0000 0.0000 1.0000 2.0000
2:DOPPLER _HZ 13.0785 13.0785 13.0785 13.0785 13.0785 13,0785 13.0785 13.0785 13.0785 0.0000 2.0000 1.5000
2 PHASEﬁDEG 0.0000 0.0000 0.0000 0.0000 0.0000 0.6000 0.00G0 ¢.0000 0.0000 0.0000 0,0000 0.0000
2:ATTEN_DB  4.0000 ,0000 0.0000 5.0000 16.0000 18.0600 14,0000 20.0000 25.0000 0.0600 2.0000 2,0000
2:CORRELATION 0.0000 0.¢000 0.0600 0.0000 0.000¢ 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000

# Profile #4
3.TITLE "TERRAIN OBSTRUCTED WITH CO"

J:IQDATA _DIR  "Cichan_new"

3:CORR_MODE 3X3

3:DELAY_RES LOW

3:CHAN_ATTEN 0.000000¢+00 0.0000002+00 0.000000e+00 0.0000002+00

3:GROUP_LOSS 0.000000c¢+00

J3:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY DOP DOP DOP

HIQFILE  "RAYSZIQ" "RAYS2.IQ" "RAYS2.1Q" "RAY52.1Q" "RAY52.1Q" "RAY 52.1Q" "RAY 52.1Q" "RAY 52, IQ" *RAY52.]Q" # v v
3:DELAY US  0.0000 1.0000 2.5000 3.5000 5.0000 8.0000 12.0000 14.0000 16.0000 0.0000 1.0000 2.0000
3:DOPPLER _HZ 5.2314 52314 5.2314 5.2314 5.2314 5.2314 52314 5.2314 5.2314 0.0000 2.0000 1.5000
3:PHASE_DEG 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.00G0 0.0000

3:ATTEN_DB  10.0000 4.0000 2.0009 3.6000 4.0000 5.0000 2.0000 8.0000 5.0000 0.0000 2.0000 2,0000
3:CORRELATION 0.0000 0,0000 0.0000 0.0000 0.0090 0.0060 0.0000 0.0000 0.0000 0.0000 00800 0.0000
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HP 11759C MULTIPATH PROFILES

DARS0120.PRO

# Profile #1

G:TITLE "URBAN SLOW DOPPLER VHF"

GIQDATA DIR  "Ci\chan_new"

0:CORR_MODE NONE

0:DELAY_RES HIGH

0:CHAN_ATTEN 0.0000002+00 0.000000e+00 0.000000¢+00 0.000000e+00

0:GROUP_LOSS 0.000000e+00

0:SPECTRUM DOP DOP DOP DOP DOF DOP DOP DOP DOP OFF OFF OFF

O:IQFILE A0k M MR 18 TN FRE EEH R 21 3098 RO e

0:DELAY_US 0.0000 0.2000 0.5000 0.9000 12000 14060 2.0000 2.4000 3.0000 0.0000 1.0000 2.00600
0:DOPPLER_HZ 0.0436 0.0610 0.0785 0.1046 0.1133 0.1221 0.1385 0.1569 0.1744 1.0007 01744 1,1675
(:PHASE_DEG 0.0000 0.0000 0.0600 0.0060 0.0000 0.0000 0.6000 0.0000 0.0000 0.0000 0.0000 0.0000
0:ATTEN_DB  2,0060 0.0000 3.0000 4.0000 2.0000 0.0000 3.0000 5.0000 10.0000 0.0000 2.0000 2.0000
0:CORRELATION 0.0060 9.0000 0,0000 0.0000 0.0000 6.0000 0.0000 0.0000 0.0000 0.0000 (.0000 0.0000

# Profile #2

I:TITLE “URBAN FAST DOPPLER VHEF"

HIQDATA DIR  “Cichan_new"

1:CORR_MODE NONE

I:'DELAY_RES HIGH

1:CHAN_ATTEN 0.0000002+00 0.6000002+00 0.000000e+00 0.000000e+00

1:GROUP_LOSS 0.000000e+00

I;8PECTRUM DCP DCP DOP BOP DOP DOF DOFP DOP DOP OFF QFF OFF

I:IQFILE A T NTH Y FEIE MR H T TIEE BT N nar

I:DELAY_US  0.0000 0.2000 0.5000 ©.9000 [.2000 [.4000 2.0000 2.4000 3.0600 0.0000 1.0000 2.0000
1:DOPPLER_HZ 0.8719 1.7438 2.1798 2.6157 3.0517 3.4876 3.9236 4.3595 5.2314 1.0007 1.0841 1.1675
1:PHASE DEG 0.0000 0.0006 ¢.0000 0,0000 6.0000 0.0000 0.0000 0.000¢ 0.0000 0.0000 0.0000 0.0000
LATTEN_DB  2.6000 0.0000 3.0000 4.0000 2.6000 0.0000 3.0000 5.0000 10.0000 0.0000 2.0000 2.0000
L:CORRELATION 0.0000 0.6000¢ 0.0000 0.0000 0.6000 ©.0000 6.0000 0.0000 0.000¢ 0.0000 0.0000 0.0000

# Profile #3

2:TITLE "RURAL FAST DOPPLER VHF"

2:IQDATA DIR  "Cichan_new"

2:CORR_MODE NONE

2:DELAY_RES HIGH

2:CHAN_ATTEN 0.000000e+00 9.6000002+00 0.000000¢+00 0.060000¢+00
2:GROUP_LOSS 0.000000¢+00

2:8PECTRUM DOP DOP DOP DOP DOP DOP DOP DOP DOP OFF OFF OFF

Z:IQF]LE UL AT B A NN B BN aaE bk BA B
2:DELAY US 0.0000 03000 0.5000 0.9000 1.2000 1.9000 2.1000 2.5000 3.0000 0.0000 1.0000 2.0000

2:DOPPLER_HZ 2.6157 7.8471 13.0785 4.3595 8.7150 9.5909 6.1033 10.8988 11.3347 0.0000 2.0000 1.5000
2:PHASE DEG 0.0000 0.0000 0.0000 ¢.0000 0.0000 0.0000 0,0000 0.0000 0.0000 0.0000 0.0000 £.0000
2:ATTEN_DB  4.0000 8.0000 0.0000 5.0000 16.0000 18.0060 14.0000 20,0000 25.0000 0.0000 2.0000 2.0000
2:CORRELATION 0.0000 0,0000 0.0000 0.000C 0.¢:000 0.0000 0.0000 0.0000 0.0000 0.0000 0.000¢ 0.0000

# Profile #4

3:TITLE "TERRAIN OBSTRUCTED DOPPLER. VHF"

JIQDATA DIR  "Cichan_new"

3:CORR_MODE NONE

3:DELAY_RES HIGH

3:CHAN_ATTEN 0.000000e+00 0.500000e+00 0.000000e+00 0.000000e+00
3:GROUP_LOSS Q.000000c+00

3:SPECTRUM DOP DOP DOP DOP DOP DOP DOP DOP DOP OFF OFF OFF

3:[QFELE B b A MeE MU HE B i HIE T AT A
3:DELAY US  0.0000 1.0000 2.5000 3.5000 5.0000 8.0000 12.0000 14.0000 £6.0000 0.0000 1.0000 2.0000

3:DOPPLER_HZ 0.8719 1.7438 2.1798 2.6157 3.0517 3.4876 3.9236 4.3595 5.2314 0.0000 2.0000 1.5000
3:PHASE_DEG 0.0000 0.0000 (.0000 0.0000 0.6000 0.0000 0.0000 0.0000 0,060 0.0000 €.0000 0.0000
3:ATTEN_DB  10.0000 4.0000 2.0000 3.0000 4,0000 5.0000 2.0000 2.0000 5.6000 0.0000 2.0000 2.0000
3:CORRELATION 0.0600 0.0000 0.0000 0.0000 0.0000 0.0000 0.0060 0.0000 0.0000 0.0000 0.0C00 0.0000
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HP 11759C MULTIPATH PROFILES

DAR90130.PRO

# Profile #1
OTITLE  "URBAN SLOW DOP WITH CO VHF #1%

0:IQDATA DIR "C:i\chan_new"

0:CORR_MODE NONE

0:DELAY_RES HIGH

0:CHAN_ATTEN 0.000000e+00 0.0000002+00 0.000000¢+00 0.000000¢+00
0:GROUP_LOSS 0.000000e+00

0:SPECTRUM DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP

O:IQP]LE FEMCEIAS FIES 1TE WACE IV TEIE ORI PR 10 WM i
0:DELAY US  0.0000 02000 0.5000 0.9000 12000 1.4000 2,6000 2.4000 3.0000 0.0000 1.0000 2.0000
0:DOPPLER_HZ 0.0436 0.0610 00785 0.1046 0.1133 0.1221 0.1395 09,1569 0.1744 0,0000 2.0000 1.5000
O0:PHASE_DEG 0.0000 0.0000 0.0000 0.0000 0.0000 0.00G0 0.0000 0,0000 0,0006 ¢.0000 0.0000 0.0000
0:ATTEN_DB  2.0000 0.0000 3.0000 4.0660 2.0000 0.0000 3.0008 5,0000 10,0000 0.0000 2.0000 2.0000
0:CORRELATION (.0000 0.0000 0,0000 0.0000 0.0000 0.0000 0.0000 0.0000 0,0000 0.0000 0.0000 0.0000

# Profile #2

1:TITLE "URBAN FAST DOP WITH CO VHF #2”

LIQDATA_DIR  “Cichan_new"

L:CORR_MODE NONE

I:DELAY_RES HIGH

LCHAN ATTEN 0.000000e+00 0.000000e+00 0.600000+00¢ 0.000000e+00

L:GROUP_LOSS 0.000000e+00

1:SPECTRUM DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP

l:IQFILE WIE BEH O HE HEE bt A D Bt ek ek haE eese

I:DELAY_US  0.0000 0.200¢ 0.5000 0.9000 1.2000 14000 20000 2.4000 3.0000 0.0000 1.0000 2.0000
1:DOPPLER_HZ 0.8719 1.7438 2.1798 2.6157 3.0517 3.4876 3.9236 4,3595 5.2314 0.0000 2.0000 1.5000
1:PHASE _DEG 0.0600 0.0000 (.0000 0.000C 6.0000 0.000¢ 0.0000 0.0000 0.0040 0.0000 0.0000 0.0000
LATTEN_DB  2.0000 0.0060 3.0000 4.0000 2.0000 00000 3.0000 5.0000 10.0000 0.0000 2.0000 2.0000
F:CORRELATION 0.0000 0.0000 0.0000 0.0000 0.0000 0.0600 0.0000 0.6060 0.6000 0,0000 0.0000 0.0000

# Profile #3

2 TITLE YRURAL FAST BOP WITH CO VHF #3¢

ZIQDATA DIR  "Cichan_nrew"

2:CORR_MODE NONE

2:.DELAY_RES HIGH

2:CHAN_ATTEN 0.0600002+00 0.000000e+00 0.000000¢+00 0.000000e+00

2:GROUP_LOSS 0.000000c+00

2:SPECTRUM  DOP DCP DOP DOP DOP DOP DOP DOP DOP DOF DOP DOP

ZAQFILE 0 ™t mn o s o ot e s v

2DELAY _US  0.0000 ©.3000 0.5000 0.9000 1.2000 £5000 2.1000 2.5000 3.0000 0.0000 1.0000 2.0000
2:DOPPLER_HZ 2.6157 7.8471 13.0785 4.3595 8.7190 9.5509 6.1033 10.8988 11.3347 0.0000 2.0000 1.5000
2:PHASE_DEG 0.0000 0.06000 0.0000 0.000¢ 0.0000 0.0000 0.0600 0.0000 0.0009 6.0000 0.600C 0.0000
2:ATTEN_DB  4.0000 8,6000 0.0000 5.0000 16.0000 18.0000 14.0000 20,0000 25.6000 0.0000 2.0000 2.0000
2:CORRELATION 0.000C 0.0060 ¢.0000 ¢.0000 0.0600 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000

# : Profile #4

3:TITLE "TERRAIN OBSTRUCTED FAST DOP WITH CO VHF #4"

3IQDATA_DIR  "Cichan_pew"

3:CORR_MODE NONE

3:DELAY_RES HIGH

3:CHAN_ATTEN 0.000000¢+00 0,000000¢+00 0.000000e+00 0.0000G0c+00
3:GROUP_LOSS 0.000000¢+00

3:8PECTRUM DOP DOPF DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP
RIQFILE
3:DELAY_US 0.0000 LO0CO0 2.5000 3.5000 5.0000 8.0000 12.0000 £4.0000 16.00G0 0.0000 1.0000 2.0000
3:DOPPLER_HZ 0.8719 1.74382.1798 2.6157 3.0517 3.4876 3.9236 4.3595 5.2314 0.0000 2.0000 1.5000
3:PHASE_DEG 0.0000 0.0000 0.000¢ 0.0004 0.0600 0.0000 0.0000 0.0000 0.0000 0.0000 9.0000 0,0000

JATTEN DB 10.0000 4.0000 2.0000 3.3000 4.0000 5.0000 2.0000 8,0000 5.0000 0.0000 2.0000 2.0000
3:CORRELATION 0.0000 0.0060 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0,0000 0.0000 0.0000

HE fuse KLk SHE MIE HIT AL BB MO SEH MR 10
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HP 11759C MULTIPATH PROFILES

DAROS0140.PRO

# Profile #5

4. TITLE "L-BAND URBAN SLOW "

4IQDATA_DIR "C:chan_new"

4:CORR_MODE 3X3

4:DELAY RES LOW

4:.CHAN_ATTEN 0.000000e400 0.000000e+00 0.000000+00 0.000000+00

4:GROUP_LOSS 0.000000e+00

4:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY OQFF OFF OFF

FIQFILE  SRAYZTJQM e o v v e it s s e
&#DELAY_US 00000 0.2000 0.5000 0.9000 12000 L4000 2.0000 2.4000 30000 0.0008 00000 0.0000
4:DOPPLER_HZ 2.7241 2.7241 2.7241 2,7241 2.7241 2.7241 2.7241 27241 2.7241 0.0000 0.0000 0.0000
4:PHASE_DEG 0.0000 0.0060 0.0000 0.0000 0.0600 0.0000 0.0000 0.0000 0.0000 6,0000 0.0000 0.0000
4ATTEN_DB  2.0000

0.0000 3.0000 4.0000 2,000¢ 0.0000 3.0000 5.0000 10.6000 0.0000 0.0000 0.6000

4:CORRELATION 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.6600 0.0000 0.0006 0.0000 0,6000

# Profite #6

STITLE “L-BAND URBAN FAST"

SIQDATA_DIR  “Ci\chan_new"

5:CORR_MCDE 3X3

5:DELAY_RES LOW

5:CHAN_ATTEN 0.0000002+00 0.0040002+00 0,000000e+00 0.000000e+00

5:GROUP_LOSS 0.000000e+00

5:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY OFF OFF OFF

S:IQFILE PRAYSIZIQN "RAYZIT.IQ" mor o vt me nire n s wiwe e

5:DELAY Us 0.0000 0.2000 0.5000 0.5000 1.2000 1,4600 20000 24000 3.0000 0.000C 0.0000 0.0000
5:DOPPLER_HZ 81.7233 81.7233 £1.7233 81.7233 81.7233 81.7233 81.7233 81.7233 8(.7233 0.0000 0.0000 0.0000
5:PHASE_DEG 0.0000 0.0000 0.0000 0.0060 0.0000 0.0060 0.6000 0.00¢0 0.0000 0.0000 0.0600 0.0000
5:ATTEN_DB  2.0000 0.00600 3.0000 4.0000 2.0000 0.0000 3.0000 5.0000 10.0000 0.0000 0.0000 0.0000
5:CORRELATION 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000

# Profile #7

&:TITLE "L-BAND RURAL FAST "

6:IQDATA_DIR  “Ci\chan_new"

6:CORR_MODE 3X3

6:DELAY_RES LOW

6:CHAN_ATTEN 0.000000¢+00 0.000000¢+00 0.000000¢+00 0.000000e+00

6:GROUP_LOSS 0.000000¢+00

G6:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY OFF OFF OFF

GIQFILE  "RAY2043.IQ" "RAY2043.1Q" "RAY2043 JQ M i mn e st e wm e

6:DELAY _US 0.0000 ©.3000 0.500¢ 0.9000 1.2000 19000 2.1000 2.5000 3.G000 0.0000 0.0000 0.C000
6:DOPPLER_HZ 204.3083 204,3083 204.3083 204.3083 204.3083 204.3083 204.3083 204.3083 204.3083 0.0000 0.0000 0.0000
6:PHASE_DEG 0.0000 0.0000 0.0600 0.0000 0.0600 0.0000 0.6000 0.0000 0.0000 0.0600 0.0000 0.0000
GATTEN DB 4.0000 8.0600 0.0000 50300 16.0000 18.0000 14,0000 20.0000 25.0000 6.¢000 0.0000 0.0000
6:CORRELATION 0.0000 0.6000 0.0600 0.000¢ 0.0000 0.0000 0.0000 G.0000 0.0000 0.0000 0.0¢00 0.0000

H Profile #8

T.TITLE "1-BAND TERRAIN OBSTRUCTED "

TIQDATA_DIR  "Cichan_new"

T:CORR_MODE 3X3

7:DELAY_RES LOW

T:CHAN_ATTEN 0.000000s+00 6,000000¢+00 0.000000¢+00 0.0000002+00

7:GROUP_LOSS 0.000000¢+00

7:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY OFF OFF OFF

TIQFILE  "RAYS817.1Q" "RAYSI7.IQ" "RAYRI7.IQ" "RAYZ1 710" "RAY817.IQ" "RAYE171Q" "RAYS17.IQ" ™ " m e
7:DELAY _US 0.0000 1.0000 2.5000 3.5000 5.0000 20000 12,0000 14.0600 i6.0000 0,0000 [.0000 2.0000
7:DOPPLER_HZ 81.7233 §1.7233 81,7233 81.7233 81,7233 §1.7233 81,7233 81.7233 81,7233 0,0000 2.00C0 1.5000
7:PHASE_DEG 0.0000 0.0000 0.0000 0.0000 0.0000¢ 0.0000 0.0000 0.0000 0.0600 0.0000 0.0000 0.00C0

7:ATTEN_DB 10,0000 4.0000 2.0000 3.0000 4.0000 5.00CQ 2.0000 §.0000 5.0000 0.000¢ 2.0000 2.0000
7:CORRELATION 0.0000 0.0000 0,0000 0.0000 0.0600 0.0000 0.0000 0.0000 0.0C00 0.0000 0.0000 0.0000
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HP 11759C MULTIPATH PROFILES

DARS0150.PRO

#: Profile #5

4TITLE "L-BAND URBAN SLOW WITH CO~

4:IQDATA_DIR “CACHAN_NEW”

4:CORR_MODE 3X3

4DELAY RES LOW

4:CHAN_ATTEN 0.000000¢+00 0.000000e+00 0.0000062+00 0,000000e+00

4:GROUP_LOSS 0.000000e+00

4:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY DOP DOP DO?P

4IQFILE  "RAY2T.IQ" "RAY27.1Q" "RAY27.IQ" "RAY27.1Q" "RAY27.1Q" "RAY27.1Q" "RAY27.1Q" "RAY 27.1Q" "RAY27.IQ" " nm v
4:DELAY _US 0.0000 0.2000 0.5000 0.9000 1.2000 1.4000 2.0000 2.4000 3.0000 0.0000 [.0000 2.0000
4; DOPPLER HZ 27241 27241 2.7241 2,724 2,7241 2.7241 2.7241 2.7241 2.7241 0.0000 2.0000 1.5000
4:PHASE_DEG 0.G000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0600 0.0000 ¢.0000 0.0000 0.0000

4: A'ITEN DB 2.0000 0.0000 3.0000 4.0000 2.0000 0.6000 3.0000 5.0000 10.0000 0.0000 2.0000 2.0000

4: CORRELATION 0.0000 9.0000 0.0000 0.0000 0.0000 0.0000 0.0000 00000 6.0000 0.0000 0.0000 0.0000

# Profile #6

STITLE "L-BAND URBAN FAST WITH CO"

5:IQDATA_DIR "CAMCHAN_NEW"

5:CORR_MODE 3X3

5:DELAY RES LOW

5:CHAN_ATTEN (0.000000e+00 0.000000e+00¢ (.0000002+00 0.600000e+00

5:GROUP_LOSS 0.000000e+00

5:3PECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY DOP DOP DOP

SAQFILE  "RAYSIZ.IQ""RAYSIT.IQ" "RAYS17.IQ" "RAYS17.1Q" "RAYS17.1Q" "RAYEI7.1Q" "RAYS17.1Q" "RAYB17.1Q"
"RAYSI7.IQ" mrne

5:DELAY _US  0.0000¢ 02000 0.5000 0.9000 1.2000 14000 2.0000 2.4000 3.0000 0.0000 1.0000 2.0000
5:DOPPLER_HZ £1.7233 81,7233 81,7233 81.7233 81.7233 81.7233 81,7233 £1.7233 81.7233 0.0000 2.0000 1.5000
5:PHASE DEG 0.0000 0.6000 0.0000 0.0000 0.0000 0.0000 6.0004 0,0000 0.0000 0.0000 0.0000 0.0000

SATTEN_ DB 2.0000 6.0060 3.0000 4.0000 2.0000 0.0000 3.0000 5.0000 10.0060 0.0000 2.0000 2,0000
5:CORRELATION 0.0000 0.0000 ¢.0000 0.0000 0,0000 00000 0.0000 0.0008 0.0060 0. 0000 0.0600 0.0000

K Profile #7

6 TITLE "L-BAND RURAL FAST WITH CG"

6:IQDATA DIR "CACHAN NEW”

6:CORR_MODE 3X3

6:DELAY_RES LOW

6:CHAN_ATTEN 0.000000¢+00 0.000000¢+00 0.000000¢+00 0.0000002+00

§:GROUP_LOSS 0.000000e+00

6:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY DOP DOP DOP

GIQFILE  "RAY2043.1Q" "RAY2043.1Q" "RAY2043.1Q" "RAY2043.1Q" "RAY2043.1Q" "RAY 2043.1Q" "RAY2043.1Q" "RAY 2043.1Q"

"RAY2043.1Q"

6:DELAY_US 0.000¢ 03000 0.5000 0.9000 1.2000 1.9000 2.1000 2.5000 3.0000 ©.0000 [.0000 2.0000
6:DOPPLER_HZ 204.3083 204.3083 204.3083 204.3083 204.3083 204.3083 204.3083 204.3083 204,3083 0,0000 2.0000 1.5000
6:PHASE_DEG 0.0000 0.00G0 0.0000 0.0000 0.0000 0.0000 0.0006 0,000 0.0000 0.0000 0.0000 0.0000

&ATTEN_DB  4.0000 8.0000 0.0000 5.0000 16.0000 18.0000 14,0000 20,0000 25,0000 0.0000 2.0000 2.6000
6:CORRELATION 0.0000 ¢.0000 0.0000 6.000¢ 0.0000 0.0000 0,6000 0.0000 0.0000 0.0000 0.0060 0.0000

# Profile #8

TTITLE "L-BAND TERRAIN OBSTRUCTED WITH CO"

TIQDATA_DIR “CACHAN_NEW"

T.CORR_MODE 3X3

7:.DELAY_RES LOW

T:CHAN_ATTEN 0.000000e+00 0.000000e+00 0.000000e+00 0.0000002+00

7:GROUP_LOSS 0.000000e+060

T:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY DOP DOP DOP

TIQFILE  "RAYS17.IQ" "RAYB17.IQ" "RAYSI7.1Q" "RAYS17.IQ" "RAYE17.1Q" "RAYE17.1Q" "RAY817.1Q" "RAYE17.1Q"
"RAYSLTIQ ™

T:DELAY_US 00000 1.0000 2.5000 3.5000 5.0000 8.0000 12.0000 14.0000 16.0000 0.0000 1.0000 2.0000
T:DOPPLER_HZ 81,7233 8i.7233 81.7233 81.7233 81.7233 81.7233 81.7233 §1.7233 81.7233 0.0000 2.0000 1.5000
T:PHASE_DEG 0.0000 0.0000 6.0000 0.0000 0.0¢00 0.0000 0.0000 £,0¢00 0.0000 0.0000 0.0000 0.0000
T-ATTEN_DB  10.0000 4.0000 2.0000 3.0000 4.0000 5.0060 2,0000 8.0000 5.6000 0.0000 2.0000 2,0000
7:CORRELATION 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.6000 0.00G0 0.000C 0.6000 8.0000 0.0000
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HP 11759C MULTIPATH PROFILES

DARS0160.PRO

# Profile #1

O:TITLE "L-BAND URBAN SLOW DOPPLER "

0:IQDATA_DIR "Cichan_new"

0:CORR_MODE NONE

O;:DELAY _RES HIGH

0:CHAN_ATTEN 0.000000e+00 0.000000+00 0.000000+00 0.000000e+00

0:GROUP_LOSS 0.000000¢+00

0:SPECTRUM DOP DOP DOP BOP DOP DOP DOP DOP DOP OFF OFF OFF

Q:IQFILE  fm e e mw o e s s e s ity

:DELAY_US 0.0000 0.2000 0.5000 0.9000 1.2000 14000 2.0000 2.4000 3.0060 0.0000 [.0000 2.0000
0:DOPPLER_HZ 0.6810 (0.9534 1.2258 1.6345 1.7707 1.9069 2.1793 2.4517 2.7241 (.0000 31.1911 23.4274
0:PHASE_DEG 0.0000 0.0000 0.0000 0.0060 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.060¢ 0.0000
O:ATTEN_DB  2.0000 0.0000 30640 4.0000 2.0000 0.0000 3.0000 5.0000 10.00C0 0.0000 2.0¢00 2.0000
G:CORRELATION 6.0000 0.0000 0.0000 00000 §.0000 0.0000 0.0000 0.0000 0.0000 0.6000 0.0000 0.0000

# Profile #2

LTITLE “L-BAND URBAN FAST DOPPLER "

1:IQDATA_DIR "Cichan_new”

I:CORR_MODE NONE

I:DELAY _RES HIGH

1:CHAN_ATTEN 0.000000e+00 (.000000¢+00 0.000000e+00 0.000000s+00

1:GROUP_LOSS 0.000000¢+00

1:SPECTRUNM DOP DOP DOP DBOP DOP DOP DGP DOP DOP OFF QOFF OFF |
1:IQFILE
I:DELAY US  0.0000 0.2000 0.5000 0.9000 12000 14000 2.0000 2.4000 3.0000 0.0000 1.0000 2.0000
1:DOPPLER_HZ 13.6206 27.2411 34,0514 40.3617 47.6719 54,4822 61.2925 £8.1028 81.7233 0.0000 3 1.1511 23.4274
1:PHASE_DEG 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 6.6000 0.6000 0.0000 0.0000 0.6000
1:ATTEN_DB  2.0000 0.0000 3.0000 4.0600 2.0000 ¢.0000 3.0000 5.0000 10.0¢00 0,0000 2.0600 2.0000
1:CORRELATION 90,0000 0.0000 0.00G0 0,0000 0.0000 0.0000 6.¢000 6.0000 0.0000 0.0060 0.06000 6.0000

A LU LR R e ]

#. Profile #3

2:TITLE "L-BAND RURAL FAST DOPPLER"

2:IQDATA _DIR  “Cichan_new"

2:CORR_MODE NONE

2:DELAY_RES HIGH

2:CHAN_ATTEN 0.000000¢+00 0.000000e+00 0.000000e+00 0.000000e+00
2:GROUP_LOSS 0.000000¢+00

2:$PECTRUM DOP DOP DOP DOP DOP DOP DOP DOP DOP OFF OFF OFF

ZIQEFELE  oveont bon e in sttt e

2:DELAY _US  0.0000 0.3000 0.5000 0.9000 1.2000 1.9000 2.1000 2.50600 3.0000 0.0000 1.6000 2.0000
2:DOPPLER_HZ 40.8617 1225850 204.3083 68.1028 136.2056 149.8261 95.3439 170.2569 177.0672 0.0000 31.1911 23.4274
2:PHASE_DEG 0.0000 0.0000 ¢.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000

2:ATTEN_ DB 4.0000 £.0000 0.0000 5.0000 16.0000 18,0000 14.0000 20.0000 25.0000 0.0000 2.0000 2.0000
2:CORRELATION 0.0000 0.0060 0.0000 ¢.0000 0.0000 0.0000 0.00060 0.0000 0.0000 0.0000 0.0000 0.0000

# Profile #4

3:TITLE “L-BAND TERRAIN OBSTRUCTED DOPPLER"

JIQDATA_DIR  “Cichan_new”

3:CORR_MODE NONE

3:DELAY_RES HIGH

3:CHAN_ATTEN 0.000000e+00 0.000000e+00 0.000000+00 0.004000c+00
3:GROUP_LOSS 0.000000e+00

3:SPECTRUM DOP DOP DOP DOP DOP DOP DOP DOP DOP OFF OFF OFF

FoIQFILE  vn s e e wsmin s st i et

3:DELAY_US  0.0000 1.0000 2.5000 3.5000 5.00060 8.0000 12.0000 14.0000 16.0000 0.0000 [.0000 2.0000
3:DOPPLER_HZ 13.6206 27.2411 34.0514 40,8617 47.6719 54.4822 61.2925 68.1028 £1.7233 0.0000 31.1911 23.4274
3:PHASE_DEG 0.0000 0.0000 0.0000¢ 0.0000 0,0900 0,0000 0,0000 0.0000 0.000¢ 0.0000 0.0000 0.6000
3:ATTEN_DB  10.0000 4.0000 2.0000 3.0000 4.0000 5.0000 2.0000 8.0000 5.0000 0.0000 2.6000 2.6000
3:CORRELATION 0.0000 0.0000 0.0000 0.0000 0.0000 0.0060 0.0000 0.0000 0.0000 00000 0.0060 0.0000
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HP 11759C MULTIPATH PROFILES

DARS0170.PRO

# Profile #1

O:TITLE "L-BAND URBAN SL.OW DOPPLER WITH CO &1

Q:IQDATA_DIR  “C:chan_new"

0:CORR_MODE NONE

6. DELAY RES HIGH

0:CHAN_ATTEN 0.000000¢+00 0.000000¢+00 0,000G00=+00 0.000000e+00

0:GROUP_LOSS 0.000000e+00

0:SPECTRUM DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP

O:IQFILE HH A EC A TE R 1 NI TN NEC AT R

0:DELAY_US 0.0000 0.2000 0.5000 0.9000 1.2000 1.4000 2.0000 2.4000 3.0000 0.0000 1.0000 2.0000
0:DOPPLER_HZ 0.6810 0.9534 1.2258 1.6345 1.7707 1.9069 2.1793 2.4517 2.7241 0.0000 31.1911 23.4274
O:PHASE_DEG 0.0000 0.0000 0.0000 0.0000 0.0000 0.0600 0.0000 0,0000 0.0000 0.0000 0.0000 0.0000
O:ATTEN_ DB  2.0000 0.0000 3.0000 4.6000 2.0000 0.0000 3.0000 5.0000 10.0000 0.0000 2.0000 2.0000
0:CORRELATION 0.0000 0.0000 0.0000 0.0060 0.0000 0.0000 0.6000 0.0000 0.0000 0.0600 0.0000 0,0000

# Profile #2

LTITLE "L-BAND URBAN FAST DOPPLER WITH CO #2"

LIQDATA_DIR  "C:chan_new”

I:CORR_MODE NONE

I:DELAY RES RIGH

I:CHAN ATTEN 0.0000002+00 0.000000¢+00 0.000000e+00 0.000000e+00

1:GROUP_LOSS 0.0000002+00

L:SPECTRUM  DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP

1:[QFILE A HIT HE WK B B BA B faE it m oy

L:DELAY US 00000 0.2000 0.3000 0.9000 1.2000 14000 2.0000 2.4000 3.0000 0.0000 1.0000 2.0000
1:DOPPLER_HZ 13.6206 27.2411 34.0514 40.8617 47.6719 54.4822 61,2925 68.1028 81.7233 0.0000 31.1911 23.4274
I:PHASE_DEG 0,0000 0.00¢0 0.0000 0.0000 0.0000 0.00C0 0.0000 0.0000 0.0600 0.0000 0.0000 0.6000
L:ATTEN_DB  2.0000 0.0000 3.0000 4.0000 2.0000 0,0000 3.0000 5.0000 10.0000 0.0000 2.0000 2.0000
LCORRELATION 0.0000 0.¢000¢ 6.0000 0.0000 0.0000 6.0000 0.0000 0.0000 0.0000 0.0000 ¢.0000 0.0000

# Profile #3

2L TITLE "L-BAND RURAL FAST DOPPLER WITH CO #3"

2ZIIQDATA_DIR  "Cichan_new”

2:CORR_MODE NONE

2:DELAY_RES HIGH

2:CHAN_ATTEN 0.0000002+00 0.0000002+00 0.000000¢+00 0,000000¢+00

2:GROUP_LOSS 0.000000e+00

2:SPECTRUM  DOP DOP DOP DOFP DOP DOP DOP DOP DXOP DOP DOP DOP

2:TQFILE e et mioestt sl e i saue sae amn one

Z:DELAY_US  0.0000 03000 0.5000 0.9000 1.2000 1.9000 2.1000 2.5000 3.0000 0.0000 1.0000 2.0000
2:DOPPLER_HZ 40.8617 122.5850 204.3083 68.1028 136.2056 1498261 95.3439 70,2569 177.0672 0.0000 31.1911 23.4274
2:PHASE_DEG 0.0000 ¢.0000 0.0000 0.0000 0.0000 0,0000 0.0000 0.0000 0.0000 60000 0.0000 0.6000
ZATTEN_DB  4.0000 8.0060 0.0000 5.0000 16,0000 18.0000 14.0000 20,0000 25.0000 0.0000 2.0000 2.0600
2:CORRELATION 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.6000 0.0000

# Profile #4

FTITLE "L-BAND TERRAIN OBSTRUCTED DOPPLER WITH CO #4"

3 IQDATA _DIR "C:chan_now"

3:CORR_MODE NONE

3:DELAY_RES HIGH

3:CHAN_ATTEN 0.0000002+00 0.000000¢+00 0.006000e+00 0.000000¢+00

3:GROUP_LOSS 0.000000c+00

3:SPECTRUM DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP DOP

J:QFILE o tsmatee s an onymw e so i an

3:DELAY US 00000 1.0600 2.5000 3.5000 5.0000 8.0000 12,0000 [4.0000 [6.0000 0.0000 1.0000 2.0000
3:DOPPLER_HZ 13.6206 27.2411 34.0514 40.8617 47.6719 54.4822 61,2925 68,1028 81.7233 0.0000 31.1911 23.4274
J:PHASE_DEG 0.0000 0.0000 0.0000 0.0000 0.00G0 0.0006 0.6000 0.0000 0.0000 ¢.0000 0.0000 0.0000
JATTEN DB 10,0000 4.0000 2.0000 3,0000 4.0000 5.0000 2.0000 8.0000 5.000G 0.0000 2.0000 2.0000
3:CORRELATION 0.0000 0.0000 0.0000 0.0060 0.0000 0,000 0.0600 0.0000 0.000¢ 0.0000 0.0000 0.6000
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HP 11759C MULTIPATH PROFILES

DARSG180.PRO

# Profile #1
O:TITLE "S-BAND URBAN SLOW

0:IQDATA_DIR "CACHAN _NEW*"

:CORR MODE 3X3

ODELAY_RES LOW

0:CHAN_ATTEN 0.0000002+00 0.000600e+00 0.000000e+00 0.000000e+00

0:GROUP_LOSS 0.000000e+00

0:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY OFF OFF OFF

G:IQFILE YRAY38.1Q" "RAY38,1Q" "RAY38.IQ" "RAY3R.IQ" "RAY38.1Q" "RAY38.IQ" *RAY3IS.IQ" "RAY38.IQ" "RAYAg IQ" " ™
0:DELAY_US  0.000¢ 0.2000 0.5000 0.9000 1.2600 1.4000 2.0000 2.4000 3.0000 0.0000 0.0000 0.0000
0:DOPPLER_HZ 3.7619 3.7619 3.7619 3.7619 3.7619 3.7619 3.7619 3.7619 3.7619 0.0000 0.0000 0.0000

0:PHASE _DEG 0.0000 0.0000 0.0600 0.0080 0.0000 0.0000 0.0000 0.0000 0.0000 €.6000 0.0000 0.0000
O:ATTEN_DB  2.0000 6.0000 3.0000 4.0000 2.0000 0.0000 3.0000 5.0000 10.0000 0.0000 0.0000 0.0000
0:CORRELATION 0.0000 ¢.0600 0.0000 0.0000 ¢.0600 0.0000 0.0000 0.0000 0.0000 0.0000 0.0060 0.0000

-# Profile #2

I:TITLE "S-BAND URBAN FAST"

LIQDATA DIR “CACHAN_NEW"

1:CORR_MODE 3X3

I'DELAY RES LOW

1:CHAN ATTEN 0.000000e+00 0.000000e+00 0.000000e+00 0.000000c+00

1:GROUP_LOSS 0.000000e+00

L:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY OFF OFF OFF

LIQFILE  "RAYI129.0Q""RAY1I129.IQ" "RAY1I122.1Q" "RAY1122.1Q" "RAY1129.1Q" "RAY1129.1Q" "RAY 1120,IQ" "RAY1128.1Q"
"RAY1129.1Q" "RAY F129.1Q" "™ ™

1I:DELAY US ©0.0000 0.2000 0.5000 0.9000 1.2000 1.4000 2.0000 2.4000 3.0000 0.0000 0.0000 0.0000
1:DOPPLER_HZ 112.8560 112.8560 112.8560 112.856C 112.8560 112.8560 112.8560 12,8560 [12.8560 0.0000 0.0000 0.0000
[:PHASE DEG 0.000¢ 0.0000 0.0000 0.0000 0,0000 0.0000 0.0000 0.0600 $.0000 0.0000 0.0000 0.0000

I:ATTEN_DB  2.0000 0.0000 3.0060 4.0000 2,0000 0.0000 3.0000 5.0000 10.0006 0.0000 0.0000 0.0000

1:CORRELATION 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.00¢0 0.0000 0.0000 0,0000 0.0000 0.0000

# Profile #3

2:TITLE "S-BAND RURAL FAST"

2:IQDATA_DIR “CACHANMN_NEW"

2:CORR_MODE 3X3

2:DELAY_RES LOW

2:CHAN_ATTEN 0.000000¢+00 0.000000<+00 0.000000¢+00 0.¢000002+00

2:GROUP_LOSS 0.0000002+00

2:8PECTRUM  DOP RAY RAY RAY RAY RAY RAY RAY RAY OFF OFF QFF

HQFILE  "RAY2821.1Q" "RAY282L1Q" "RAYZ2821.1IQ" "RAY232LIQ" "RAY2821.1Q" "RAY2821.IQ" "RAY282 L.IQ" "RAY2821.1Q"
"RAY282LIQ" "RAY2821.IQ" "RAY2821.1Q" ™"

Z:DELAY_UJS  0.0000 03000 ©.5000 ¢.9000 1.2000 1.9000 2.1000 2.5060 3.0000 0.0000 0.0000 0.000¢
2:DOPPLER_HZ 282.1401 282.1401 282.1401 282.1401 282.1401 282.1401 282.1401 282.1401 282.1401 0.0G00 0.0000 0.0000
2:PHASE_DEG 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.000¢ 0.0000 £.0000 0.0000

2:ATTEN_DB  0.0000 18.6000 10.0000 [5.0000 26.0000 28.0000 24.0000 30.0000 35.0000 0.0000 0.0000 0.0000
Z:CORRELATION ¢.0000 0.0000 6.6000 0.0000 0.0060 0.0000 0.000¢ 4.0000 0.0000 0.0000 0.0000 0.0000

# Profile it4

3 TITLE "S-BAND TERRAIN OBSTRUCTED -

JIQDATA_DIR “"CACHAN_NEW"

3.CORR_MODE 3X3

3:.DELAY RES LOW

3:CHAN_ATTEN 0.000000e+00 0.000000¢+00 0.000000¢+00 0.000000e+00

3:GROUP_LOSS 0.000000¢+00

3:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY OFF OFF OFF

3IQFILE  "RAYI129.0Q" "RAY1129.1Q" "RAY 1129.1Q" "RAY 1129.IQ" "RAY 1120.1Q" "RAY1129.1Q" "RAY 1129.I1Q" "RAY 1129.1Q"
"RAY1129.1Q" "RAY1129.1Q" "RAY 1129.1Q" "RAY 1 129.1Q"

3:DELAY_US 0.0000 1.0000 2.5G00 3.5000 5.0000 3.6000 12.0000 14.0000 16.0000 C.0000 1.0000 2.0000
3:DOPPLER_HZ 112.8560 112.8560 112.8560 112.836(} 112.8560 112.8560 112.8560 112.8560 112.8560 0.0000 2.0000 1.5000
3:PHASE DEG 0.0000 0.0000 0.0000 0.0000 0.0060 0.0000 ¢.06:00 0.0000 0.0000 0.0000 0.0000 0.0000

3:ATTEN_DB 10.0000 4.0000 2.0000 3.0000 4.0000 5.0600 2.0000 8.0000 5.0000 0.0000 2.0600 2.0000

3:CORRELATION 0.0000 0.0600 0.000¢ 0.0000 0.0000 6.0000 0.0600 0.0000 ¢.0000 0.0006 0.0000 0.0000
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HP 11759C MULTIPATH PROFILES

DAR90220.PRO

# Profile #1

O:TITLE "Obstructed Path {San Fran 4)"

0:IQDATA_PIR "C:\chan_new"

0:CORR_MODE NONE

O:DELAY_RES HIGH

O:CHAN_ATTEN 0.000000¢+00 0,000000e+00 0.006000e+00 0.000000e+00
0:GROUP_LOSS 0. 000000e+00

O:SPECTRUM DOP DOP DOP OFF OFF OFF OFF OFF OFF OFF OFF OFF

O:[QFILE LU LU IR TN TR LT T T

0:DELAY US 0.0000 5.0000 2.0000 3.5000 50000 8.0000 12.0000 14.0000 16.0000 0.0000 [.6000 2.0000
0:DOPFLER_HZ 4.4700 3.8700 3.1600 2.6157 3.0517 3.4876 3.9236 4.3595 5.2314 0.0000 2.0000 1.5000

0 PHASE_DEG 0.0000 0.0000 ©.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0060 0.0000 0.0000 0.0000
O:ATTEN_DB  8.0000 8.0000 1.0000 3.0000 4.0000 5.6000 2,0000 8.0000 5.0000 0.0000 2.0000 2.0000
0:CORRELATION 0.0000 0.000¢ 0.0000 0.0000 0.0000 0.0600 0.0000 0.0000 08,0000 0.0009 0.0000 0.0000

# Profile #2

L'TITLE "Rural Highway (Salt Lake City Utah)"

LIQDATA DIR "C:\chan_new"™

1:CORR_MODE NONE

LI:DELAY_RES HIGH

L.CHAN_ATTEN (.000000¢+00 0.0000002+0¢ 0.000000e+00 0.0000002+00

1:GROUP_LOSS 0.0000002+00

I:SPECTRUM  DOP DOP DOP OFF QFF OFF OFF OFF OFF OFF OFF OFF

LIQFILE o7 mir et ton i smu e sier s o e

LDELAY_US  0.0000 2.0000 12.0000 3.5¢00 5.0000 $.0000 12.0000 14,0000 16.000¢ 0.0000 1.0000 2.0000
1:DOPPLER_HZ 4.4700 3.8700 3.1600 2.6157 3.0517 3.4876 3.9236 4.3595 5,2314 0.0000 2.0000 1.5000
1:PHASE_DEG 0.0000 0.0000 0,000 0.0000 0.0000 06,0000 0.0000 0.0000 0.000¢ 0.6900 0.0000 0.0000
L:ATTEN_ DB 0.0000 12.0000 20.0000 3.0000 4.0000 5,0000 2.0000 2.0000 5.0000 0.0000 2.0000 2.0000
L:CORRELATION 0.0000 0,0000 ¢.0000 0.0000 0.0000 0.6000 0.0000 {.0000 0.0000 0.0600 0.0000 06,0000

# Profile #3

2:TITLE "Suburban (Westside Highway 9)"

2:IQDATA _DIR  "Ci\chan_new"

2:CORR_MODE NONE

2:DELAY_RES HIGH

2:CHAN_ATTEN 0.060000e+00 0.000000¢+00 0,000000e+00 0.0000002+00

2:GROUP_LOSS 0.000000e+00

2:8PECTRUM  DOP DOP DOP OFF OFF OFF QFF OFF OFF OFF OFF OFF

ZIQFILE oty oo st nim s ware s v it i

LDELAY _US  0.0000 9.6000 2.0000 3.5000 5.0000 £.0000 12,0000 14.0000 16.0000 0.0000 1.0000 2.0000
2:DCPPLER_HZ 4.4000 3.8000 3.1000 2.6157 3.0517 3.4876 3.9236 4.3595 5.2314 0.0000 2.0000 1.5000
2:PHASE DEG 0.0000 0.000¢ 0.0600 0.0600 0.0000 0.0000 00000 0.0000 0.0000 0.0000 0.0000 0.0000
ZATTEN_DB  10.0000 0.0000 5.0000 3.0000 4.0000 5,0000 2.0000 8.000¢ 5.0000 0.0000 2.0000 2.0000
2:CORRELATION 0.0060 0.0000 0.0000 0.00C0 0.0000 ¢.0G00 0,0000 0.0000 0.0000 0.0040 0.0000 0.0000

# Profile #4

3:TITLE "Dense Urban (Nova 4)"

JAQDATA DIR  "Cichan_new”

3:CORR_MODE NONE

3:DELAY_RES HIGH

3:CHAN_ATTEN 0.000000¢+00 0.000000e+00 0.000000e+00 0.000000¢+00

3:GROUP_LOSS 0.000000e+00

3:SPECTRUM DOP DOP DOP OFF OFF OFF OFF OFF OFF OFF OFF OFF

JAQFILE  weomw miestosmnib s e ar i i

3:DELAY_US 00000 20.0060 15.0000 3.5000 5.0000 8.0000 12.0000 14.0000 16.0000 0.0000 1.0000 2.6000
K DOPPLER HZ 4.4000 3.8000 3.1000 2.6157 3.0517 3.4876 3.9236 4.3595 5.2314 0.0000 2.0000 1.5000
3 PHASI‘,_DL”G 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.00¢0 0.0000 0.0000 0.0000 ¢.0000 0.0000
3:ATTEN_DB  14.0000 3.5000 0.0000 3.0000 4.0000 5.0000 2.0000 8.0000 5.0000 0.0000 2.0000 2.0000
3:CORRELATION 0.0000 0.0009 0.000¢ 0.000C 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 £.0000
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HP 11759C MULTIPATH PROFILES

DAR90240.DAT

# Profile #1

0:TITLE "AIRPLANE FLUTTER SCENARIO #1 VHF

0:IQDATA, _DIR "CACHAN_NEW"

0:CORR_MODE 3X3

:DELAY _RES LOW

0:CHAN_ATTEN 0.000000e+00 0.0000002+00 0.000000e+00 0.0000002+00
0:GROUP_LOSS 0.000000e+00

0:SPECTRUM PHA DOP OFF OFF QFF OFF OFF OFF OFF OFF QFF QFF

O:IQFILE NN THT A R bt R R ko e ik hi
O:DELAY _US  0.0000 27.5191 0.0000 (.0000 0.0000 ©.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000

0:DOPPLER_HZ 333.5646 34.8760 0.0000 0.0000 0.0000 ¢.0600 0.0000 0.0000 0.0G00 0.0000 0.6000 0.0000
0:PHASE_DEG 0.0000 0.¢000 0.0000 0.0600 ©.0000 6.0000 0.0000 0.0000 0,0000 ¢.0000 §.0000 0.0000
0:ATTEN_DB  0.0000 8.0000 0.0000 0.0000 9.0000 0,0000 0,6000 0.0000 0.6000 0.0000 0.0000 0.0000
0:CORRELATION 0.6000 0.0000 0.0000 0.0000 0.0000 0.0:000 00000 0.0000 0.0600 0.000¢ 6.0000 0.0000

# Profile #2

1I:TITLE "AIRPLANE FLUTTER SCENARIO #2 VHF

LIQDATA DIR "CACHAN_NEW*

[:CORR_MODE 3X3

I:DELAY_RES LOW

LCHAN_ATTEN 0.000000e+00 0.0000002+G0 0.0000002+030 0.000000e+00
1:GROUP_LOSS 0.000000e+00

1:SPECTRUM PHA DOP OFF OFF OFF OFF OFF OFF OFF OFF QFF OFF

[:IQFILE i o s som et vt v i an wn

I:DELAY_US  0.0000 13.6761 0.0000 0.0000 0.0G0¢ 0.0000 0.G6000 0.0000 0.0000 0.0000 0.0000 0.C000
L:DOPPLER_HZ 333.5646 17.4380 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000
1:PHASE DEG 0.0000 0.0000 0.000¢ 0.¢000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0060 0.0000 0.0000
1:ATTEN_DB  0.600¢ 6.0000 0.0000 0.0000 0.006¢ 0.0000 0.0000 0.0000 6.0600 0.0000 0.0000 0.0000
L:CORRELATION 0.0000 0.0000 0.0000 0.G000 6.0000 0.0000 0.6000 0.0000 0.0000 0.0000 0.0000 0.0000

# Profile #3
2:TITLE "AIRPLANE FLUTTER SCENARIO #3 VHF
2IQDATA_DIR  “CACHAN_NEW"
2:CORR_MODE 3X3
2:DELAY_RES LOW
2:CHAN_ATTEN 0.000000e+00 0.000000e+00 0.000000e+00 0.000000¢+00
2:GROUP_LOSS 0.000000e+00
2:SPECTRUM PHA DOP OFF OFF OFF OFF OFF OFF OFF OFF OFF OFF
2:IQFILE AR TTYTUIT ML NV ANE G100 3w e von
2:DELAY_US 0.0000 68381 0.0000 ¢.00CO 0.0000 0.0000 0.0000 0.0C00 0.0000 0.0000 0.0000 0.0000
2:DOPPLER_HZ 333.5646 8.7190 0.0000 0.0000 Q.0¢00 0.0000 0.0060 6.0000 0.0000 0,0000 0.0000 0.0000
2:PHASE_DEG 0.0000 0.¢000 0.0000 0.0000 0.0000 ©.0060 0.000¢ 0.0000 0.00G0 0.0000 (.0000 0.0000
2:ATTEN_DB  0.0000 4.0060 0.0640 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.¢060 0.0000
2:CORRELATION 0.3:000 0.0900 90,0000 0,0000 0.0000 0.6000 0.0000 00000 0,0000 0,6000 00000 0.0000
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HP 11759C MULTIPATH PROFILES

DARS0250.PRO

# Profile #1

O0:TITLE "AIRPLANE FLUTTER #1 L-BAND"

0:IQDATA DIR "CACHAN _NEW"

0:CORR_MODE 3X3

0:DELAY _RES LOW

0:CHAN_ATTEN 0.000000e+00 0.000600+00 0.000000e+00 0.000000e+00
0:GROUP_LOSS 0.000000s+00

O:8PECTRUM PHA DOP OFF OFF OFF OFF OFF OFF OFF OFF OFF OFF

0:DELAY_US  0.0000 27.5600 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000
0:DOPPLER_HZ 333.5646 424.9613 0.0000 0.0000 0,0000 0.0000 0.0000 0.000 0.0000 0.6000 0.0000 0.0000
0:PHASE_DEG 0.0000 0.0000 0.0000 0.0000 0.0000 ¢.0000 0.0000 0,000 0.0000 0.0000 0.0000 0.0000
0:ATTEN_DB 0.0600 8.0000 0.0000 0.0008 0.0000 0.0000 0.0000 0.0000 0.0000 0:0000 0.0000 0.0000
0:CORRELATION 0.0000 0.0000 0.0000 0.0000 0.0000 08000 9.0000 0.0000 0.0000 0.0000 0.0000 0.0000

¥ Profile #2

LTITLE "AIRPLANE FLUTTER #2 L-BAND"

LIQDATA DIR "CACHAN_NEW"

I:CORR_MODE 3X3

LDELAY _RES LOW

L:CHAN ATTEN 0.0000002+00 0.0000002+00 0.000000e+00 0.000000e+00
1:GROUP_LOSS 0.000000e+00

1:SPECTRUM PHA DOP OFF OFF OFF OFF OFF OFF OFF OFF OFF OFF

LIQFILE e 0 o i et s e v e o
:DELAY_US 0.0000 13.7000 0.0000 0.0000 6.0000 0.0000 0.0000 00000 0.0000 00000 0.0000 0.0000
1:DOPPLER_HZ 333.5646 272.4111 00000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0600 0.0000 0.0000 0.0000
1:PHASE_DEG 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0630 0.0000 0.0000 0.0060 0.0000
L:ATTEN_ DB 0.0000 6.0000 0.0000 0.0000 0.0000 0.0000 00006 0.0000 0.0000 ¢.0600 0.0060 0.0000
1:CORRELATION 0.6000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.000¢ 0.0000 0.0000

# Profile #3

2;TITLE "AIRPLANE FLUTTER #3 L-BAND*

2IQDATA _DIR "CACHAN_NEW"

2:CORR_MODE 3X3

2:DELAY_RES LOW

2:CHAN_ATTEN 0.000000¢+00 0.000000¢+00 0.000000e+00 0,000000¢+00

2:GROUP_LOSS 0.060000e+00

2:$PECTRUM  PHA DOP OFF OQFF OFF OFF QFF QFF OFF OFF OFF OFF

ZAQFILE  mvm v im s neeomee s iz am e i

ZDELAY_US 0.0000 6.8500 0.0000 0.G000 0.0000 6.0000 0.0000 0.0000 0.600C C.0000 0.0000 0.0000
2:DOPPLER_HZ 333.5646 136.2056 0.0000 0.00C0 0,0000 ©.6000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000
2:PHASE_DEG 0.0000 0.0000 0.000¢ 0,0000 ¢.0000 £.0000 0.00006 0.0000 0.0000 0.0000 0.0000 0.0000
2:ATTEN_DB  0.0000 4.0000 ¢.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0.0000 0,0000 0.0G00 0.0000
2:CORRELATION 0.0000 0.0000 0.0000 0.0600 0.0000 0.0000 0.000¢ 0.0000 0.0000 0.0060 0,0000 0.0000
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HP 11759C MULTIPATH PROFILES

DAR9S0260.PRO

# Profile #1

0:TITLE “Bad Urban 1, 12-tap setting, SD = 0.9953 us 1"
O:IQDATA_DIR "CAMCHAN_NEW"

G:CORR_MODE NONE

O:DELAY_RES HIGH

G:CHAN_ATTEN 0.000000e+00 0.000000¢+00

0:GROUP_LOSS 0.000000:+00
0:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

OIQFILE "RAYLIQ'RAYLIQ" "RAYLIQ* "RAYLIG "RAYLIQ  "RAYLIQ"
OQFILE "RAYLIQ "RAYLIQ" "RAYLIQ "RAYLIQ "RAYLIQ" "RAYLIQ"
GDELAY US  0.00 0.08 0.16 0.32 0.64 088 1.28 2.00 2.40 2.88 3.28 4.00
0:DOPPLER_HZ 0.0 00 00 0.0 00 00 0.0 0.0 0.0 00 00 00
OATTEN DB 7.0 3.0 1.0 0.0 20 60 70 [0 20 7.0 100 150
O:CORRELATION 00 0¢ 0.0 0.0 0.0 00 0.0 00 00 G0 00 40

i Profile #2

V:TITLE "Bad Urban 1, 12-tap setting, 8D = 1,991 us 27
LIQDATA_DIR "CACHAN_NEW*

[:CORR._MODE NONE

VDELAY_RES HIGH

1:CHAN_ATTEN €.000000¢+00 0.000000¢+00

1:GROUP_LOSS 0.000000e+00
1:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

LIQFILE "RAYIIQ" "RAYIIQ "RAYIIQ *RAYZIQ" "RAYIIQ™ "RAYIIQ
LIGFILE "RAYLIQ" "RAYIIQ "RAY3IQ "RAYIIQ "RAYIIQ  "RAYIIQ"
LDELAY US 0.00 0.16 0.32 0.64 1.28 176 2.56 4.00 4.80 5.75 6.56 3.00
I:DOPPLER_HZ 0.0 0.0 0.0 0.0 00 00 0.0 0.0 00 0.0 0.0 0.0
LATTEN DB 7.0 30 1.0 00 20 60 7.0 1.0 20 7.0 100 [50
BCORRELATION 04 40 00 00 00 00 00 0.0 0.0 00 00 00

# Profile 3

2TITLE "Bad Urban 1, 12-tap setting, SD =2.986us 3
ZIQDATA_DIR “C:ACHAN_NEW™
2:CORR_MODE NONE

Z:DELAY_RES RIGH

2:.CHAM_ATTEN 0.000000e+00 0.000000c+00

2:GROUP_LOSS 0.000000c+00
2:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

ZIQFILE "RAYLIQ '‘RAYLIQ 'RAY LIQ 'RAYLIG "RAYLIQ  "RAY LI}
2IQFILE "RAYLIQ™ "RAYLIQ "RAYLIGQ* 'RAYLIQ  "RAYLIQ "RAY1.IQ?
2ZDELAY_US  0.00 0.24 0.458 0.96 1.92 264 3.84 600 7.20 8564 9841200
2:.DOPPLER _HZ 00 00 00 0.0 GO 00 0.0 0.0 00 00 00 00
ZATIEN DB 7.0 3.0 1.0 0.0 20 60 7.0 1.0 2.0 7.0 100 150
2:CORRELATION 00 00 00 0.0 00 00 0.0 0.0 00 00 00 0.0

# Profile #4

3:TiTLE "Bad Urban 1, [2-tap setting, S =398 us 4"
3:IQDATA_DIR "CACHAN _NEW"

3:CORR_MODE NONE

3:DELAY_RES HIGH

3:CHAN ATTEN 0.000000¢+00 0.000000c+00

3:GROUP_LOSS 0.600000c+00
3:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

JIGFILE "RAYAIQ" 'RAYI.IQ" "RAYLIQ *RAY3.IQ" 'RAY3IQ "RAYIIY
BAQFILE "RAYZIQ 'RAY3IQ "RAY3IQ  "RAYIIQ "RAY3IQ "RAYLIQ
3DELAY_US 000 0.32 0.64 1.28 2.56 3.52 5.12 8.00 .60 11.5213.12 16,00
BDOPPLER_HZ 0.0 0.0 0.0 00 00 00 00 00 00 00 0.0 00
LATTEN DE 7.0 3.0 1.0 00 20 60 70 1.0 20 7.0 10:0 150
3:CORRELATION 00 0.0 0.0 00 0.0 00 06 00 0.0 00 00 00

# Profile 45

4. TITLE "Bad Urban 1, 12-1ap selling, SD =4.976 us 57

4:1QDATA_DIR "CACHAN_NEW"

4.CORR_MCDE NONE

4+DELAY RES HIGH

4:CHAN_ATTEN 0.000000e+00 0.000000c+00

4:GROUP_LOSS 0.000000c+00 .
4SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

4:IQFILE "RAY1.IQ" "RAYLIQ" "RAYLIQ" "RAYL.IQ" *RAYLIQ" "RAYLIQ"
4IQFILE "RAYLIQ  *RAYLIQ "RAYLIQ "RAYLIQ  'RAYLIQ "RAYLIQ"
4DELAY US 000 040 0.80 1.60 3.20 4.40 6.4010.00 12.00 14.40 16.40 20.00
4DOPPLER_HZ 0.0 00 00 00 00 H0 0O 00 00 00 00 00
4ATTEN DB 7.0 3.0 1.0 00 20 60 7.0 1.0 20 7.0 10.60 150

4 CORRELATION 00 00 00 00 00 0.0 00 00 00 00 0.0 0.0
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HP 11759C MULTIPATH PROFILES

# Profile #6
5:TITLE *Bad Urban 1, 12-tap setting, 5D = 5.972 us 6"

SIQDATA_DIR "CACHAN_NEW"

5:CORR_MODE NONE

5:DELAY_RES HIGH

5:CHAN_ATTEN 0.000000¢+00 0,000000+00

5:GROUP_LOSS 0.000000e+00

SISPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
SIQFILE "RAY3.1Q" *RAYZIQ *RAY3IQ" "RAY3.IQ  "RAY3IQ" "RAYIIQ"
S:IQFILE "RAY3.IQ" "RAY3.IQ" "RAYIQ" "RAY3.IQ" "RAY3IQ "RAYI IO
SDELAY US  0.00 048 0.56 1.92 3.34 5.28 7.68 12.00 14.40 17.28 19.68 24.00
S:DOPPLER_HZ 0.0 ¢.0 0.0°00 0.0 0.0 0.0 0.0 00 00 00 0O
SATTEN. DB 7.0 3.0 10 0.0 20 60 70 1.0 20 7.0 100 150
S:CORRELATION 0.0 00 0.0 00 0.0 00 0.0 00 00 0.0 0.0 00

# Profile #7

6:TITLE "Bad Urban 1, 12-1ap selting, 81> = 6967 us 7

6:IQDATA_DIR "CACHAN_NEW"

6:CORR_MODE NONE

6DELAY_RES HIGH

6:CHAN _ATTEN 0.000000e+00 0.000000¢+00

0:GROUP_LOS3 0.000000e+00

6:8PECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
GIQFILE "RAY1IQ" "RAYLIQ 'RAYLIQ *RAYLIQ  "RAYL.IQ" "RAYLIQ"
GIQFILE "RAY1IQ" "RAYLIQ "RAYLIQ" "RAYLIQ *‘RAYLIQ ‘RAYLIQ”
6:DELAY_US  0.00 0.56 1,12 2.24 448 6.16 8.96 14.00 16.80 20.16 22.96 28.00
G:DOPPLER_HZ 00 00 00 0.0 00 00 00 00 08 0.0 00 00
6:ATTEN_DB 70 3.0 1.6 00 20 60 70 1.0 20 70 100 150
6:CORRELATION 00 0.0 00 00 00 00 00 00 00 00 ©0 00

H Profile #8

T:TITLE "Bad Urbar 1, 12-tap setting, 5D = 7.962 us 3”

TIQDATA_DIR "CACHAN_NEW"

7:CORR_MODE NONE

T:DELAY_RES HIGH

T:CHAN_ATTEN $.000000¢+0C 0.000000e+00

T:GROUP_LOSS 0.000000e+00

TSPECTRLMV  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
T:AQFILE "RAY3.IQ" "RAY3IQ" "RAYIIQ  "RAYIIQ "RAYLIQ  "RAYIIQ"
TIQFILE "RAY3IQ" "RAY3.IQ" "RAY3.IQ" "RAYI.IQ" "RAY3.IQ" "RAYIIQ"
T:DELAY_US 000 064 1.28 2.56 512 7.04 10.24 16.00 19.2023.04 26.24 32.00
T:DOPPLER_HZ 00 00 00 00 04 00 00 00 9.0 00 00 0.0
TATTEN_ DB 7.0 3.0 L0 00 20 60 70 10 2.0 7.0 100 150
7:CORRELATION 0.0 00 00 00 00 00 00 0.0 00 0.0 0.0 00

# Profile #¥9

& TITLE "Bad Urban 1, 12-tap setting, $D = 8.558 us 9"

SIGDATA_DIR “CACHAN _NEW*

8:CORR_MODE NONE

$:DELAY_RES HIGH

8.CHAN_ATTEN 0.000000e+00 0.000000c+00

8:GROUP_LOSS 0.000000:+00

$SPECTRIUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
B:IQFILE "RAYLIQ" "RAYLIQ" "RAYLIQ  "RAYLIQ" "RAYLIQ "RAYLIQ"
BIQFILE "RAYLIQ" "RAYLIQ "RAYLIQ" "RAY1IQ" "RAYLIQ "RAY1IQ"
8:DELAY_US 000 0.72 1.44 2.88 5.76 7.9211.52 18.00 21.60 25.92 29.52 36.00
DOPPLER HZ 0.0 00 0.0 00 00 0¢ 08 00 00 0.0 0.0 00
SEATTEN_ DB 70 3.0 1.0 00 20 60 7.0 1.0 2.0 7.0 [00 $50
8:CORRELATION 0.0 00 00 ¢.0 00 00 00 00 G0 00 0.0 00

i Prefile #10

S TITLE "Bad Urban 1, 12-tap seiting. SD = 5.953 us 10*

SIQDATA_DIR "CACHAN_NEW*

$.CORR_MODE NONE

$:DELAY_RES HIGH

9:CBAN_ATTEN 0.040000¢+00 0.000000¢+50

9:GROUP_LOSS 0.000000e+00

%SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
SIQFILE "RAY3IQ™ 'RAY3IQ" "RAY3IQ "RAY3.IQ" "RAY3IQ" "RAY3.IQ"

2IQFILE "RAY3.IQ" "RAYIIQ" "RAY3IQ" "RAY3.IQ" "RAY3.IQ" "RAY3IQ"

S:DELAY_US  0.00 0.80 1.60 3.20 6.40 3.80 12.80 20.00 24.00 28.30 32.30 40.00 N
9:DOPPLER_BZ 0.0 00 0.0 00 0.0 00 09 0.0 0.0 0.0 0.0 00

9:ATTEN_ DB 7.0 3.0 10 0.0 20 60 70 1.0 2¢ 7.0 100 150

9:CORRELATION 0.0 0.0 00 00 G0 00 00 4.0 00 0C 0.0 00

Digital Audio Radio Test Laboratory Page 15 of 33




HP 11759C MULTIPATH PROFILES

DARS0270.PRO

# Profile 81

O:TITLE *Bad Urban 2, 12-tap setting, 5D = 1095 us #1”

GIQDATA_DIR. "CACHAN_NEW-"

0:CORR_MODE NONE

O:DELAY_RES HIGH

0:.CHAN_ATTEN 0.000000e+00 0.000000e+00

0:GROUP_LOSS .000000e+00

0:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
GIQFILE "RAYLIQ "RAYLIQ "RAYLIQ "RAYLIQ" "RAYLIQ" "RAYLIQ"
O:IQFILE "RAYLIQ""RAYLIQ" "RAYLIQ" "RAYLIQ" "RAYLIQ" "RAYLIQ"
ODELAY _US  0.00 0.88 1.75 3.52 7.04 9.58 14.03 22.00 26.40 31.53 36.08 44.00
C:DOPPLER_HZ 0.0 0.0 0.0 0.0 0.0 00 00 00 00 00 04 00
OCATTEN DB 70 30 10 00 20 60 70 1.0 20 7.0 100 150
0:CORRELATION 0.0 0.0 0.0 ¢0 00 00 00 00 00 00 0.0 00

# Proftle #2

1:TITLE "Bad Urban 2, 12-tap seiting, SD = 11.94 us ¥2"
L:IQDATA_DIR "CACHAN_NEW®

1:CORR_MODE NONE

1:DELAY_RES HIGH

1:CHAN_ATTEN 0.0000002+00 0.000000e400

1:GROUP_LOSS 0.000000e+00
1SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

LIQFILE "RAY3.IQ" "RAY3.IQ" "RAY3.IQ" "RAY3.IQ" "RAY3IQ" "RAY3.IQ"
LIQFILE "RAY3.IQ" "RAY3.IQ" "RAYIIQ" "RAY3.IQ "RAYIIQ" "RAY3.IQ"
1:-DELAY_US 000 0.96 1.92 3.84 7.68 10.56 15.36 24.00 28.80 34.56 39.36 48,00
1:DCPPLER_HZ 00 0.0 00 0.0 0.0 00 00 0.0 4.0 00 00 00
LATTEN DB 7.0 3.0 1.0 0.0 2.0 60 7.0 1.0 20 7.0 10.0 150
1:CORRELATION 0.0 00 00 0.0 00 00 00 00 00 0.0 00 00

# Profile #3

2:TITLE *Bad Urban 2, 12-tap setiing, 5D = 12.94 us #3*

2IQDATA_DIR "CACHAN_NEW”

2:CORR_MODE NONE

2:DELAY_RES HIGH

Z.CHAN_ATTEN 0.000000e+00 £.000000¢+00

L:GROUP_LOSS 0.0000¢0e+00

2:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
2ZIQFILE "RAYLIQ "RAYLIQ" "RAYLIQ "RAYLIQ  "RAYLIQ  "RAYLIY
ZIQFILE "RAYLIQ "RAYLIQ" "RAYLIQ" "RAYLIQ "RAYLIQ "RAYLIQ
2DELAY_US 0.00 1.04 2.08 4.16 8.3211.43 16.64 26.00 31.20 37.44 42.64 52.00
ZDOPPLER HZ 00 06 0.0 00 00 00 00 00 00 00 00 00
2ATTEN DB 7.0 30 L0 00 20 60 70 1.0 20 7.0 10.0 150
2:CORRELATION 00 0.0 00 00 G0 00 06 0.0 0.0 00 00 00

# Profile #4

3:TITLE "Bad Urban 2, 12-tap setting. 3D = 13.93 us #4°

3:IQDATA_DIR "CACHAN_NEW*

3:CORR_MODE NONE

3:DELAY_RES HIGH

3CHAN_ATTEN 0.000000e+00 0.000000c+00

3:GROUP_LOSS 0.000000c+00

B:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
LIQFILE "RAY3.IQ" "RAY3.IQ" "RAYIIQ "RAY3IQ "RAY IO "RAYIIQ"
3:QFILE "RAY3.1Q* "RAY3.IQ" *RAY3IQ" "RAY3.IQ" "RAYIIQ™ "RAY3.IQ"
IDELAY US  0.00 1.12 2.24 4.48 8.96 1232 [7.9228.00 33.6040.32 45.92 56.00
3DOPPLER_HZ 00 0.0 GO 0.0 0.0 00 0.6 00 00 00 00 00
FZATTEN_DB 7.0 30 1.0 60 20 6¢ 7.0 1.0 20 7.0 100 150
3.CORRELATION 0.0 00 00 00 0C 00 00 00 00 00 0.0 05

# Profile #5

4:TITLE *Bad Urban 2, 12-lap setting, SD = 14.93 us #5”

4IQDATA_DIR *CACHAN_NEW”

4:CORR_MODE NONE

4:DELAY_RES HIGH

4:CHAN_ATTEN 0.000000¢+00 0.000000c+00

4:GROUP_LOSS 0.0060000¢+00 .
4$SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
AIQFILE "RAYLIQ" "RAYLIQ  "RAYLIQ" "RAYLIQ" "RAY1IQ" "RAYLIQ"

4IQFILE "RAYLIQ™ "RAYEIQ" "RAYL.IQ" "RAYLIQ  "RAYLIQ" "RAYLIQ"

4:DELAY _US 000 1.20 2.40 4.80 9.60 13.2¢ 19.20 30.00 36.00 43.20 49.20 60.00
4DOPPLER HZ 00 0.0 0.0 0.0 00 00 00 00 00 00 00 00

4:ATTEN. DB 7.0 30 1.0 00 20 60 70 1.0 20 7.0 100 150

4:.CORRELATION 00 0.0 0.0 00 0.0 00 006 04 00 00 00 0C
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# Profile #6

SITITLE "Bad Urban 2, [2-tap setting, 5D = [5.92 us #4”
5:IQDATA_DIR *CACHAN _NEW”

5.CORR_MODE NONE

5:DELAY_RES HIGH

S.CHAN_ATIEN 0.006000e+00 0.000000e+00

S:GROUP_LOSS 0.000000e+00
S:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

SIQFILE "RAY3.1Q" "RAY3IQ  "RAY3.IQ  "RAYIIQ "RAYIIQ" "RAYIIQ"
SUQFILE "RAY3IQ" "RAY3.IQ" "RAY3IQ" "RAY3.IQ" "RAY3IQ" "RAY3.IQ"
S:DELAY_US 000 1.28 2.56 5.12 10.24 14.08 20.48 32.00 38.40 46.08 52.48 64.00
SDOPPLER HZ 00 0.0 0.0 00 00 0.0 0.0 00 00 0.0 00 00
SATTEN DB 7.0 3.0 L0 0¢ 20 60 7.0 1.0 20 7.0 100 150
5:CORRELATICN 00 0.0 00 00 00 00 ¢0 00 0.0 0.0 00 00

# Profile #7

&TITLE "Bad Urban 2, 12-lap setting, SD = 16.92 us #7°

&IQDATA_DIR "CACHAN_NEW"

6:CORR_MODE NONE

6:DELAY_RES HIGH

G:CHAN_ATTEN 0.000000s+00 0.000000:+00

6:0ROUP_LOSS 0.000000e+00

6:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
GIQFILE *RAYLIQ "RAYLIQ" "RAYLIQ" "RAYLIQ "RAYL.IQ" "RAYLIQ"
GIQFILE "RAY LI "RAYLIQ "RAY1IQ  "RAY1IQ  "RAY1.IQ" 'RAYLIQ"
GDELAY US 000 136 2.72 5.44 10.88 14.96 21.76 34.00 40.80 48.96 55.76 68.00
6:DOPPLER HZ 00 0.0 0.0 00 00 40 00 00 00 0.0 00 00
SATTEN_DB 7.0 3.0 1.0 04 20 60 7.0 L0 2.0 7.0 100 150
6:CORRELATION 0.0 00 00 0.0 0.0 00 00 04 00 0.0 00 00

# Profile #8

TTITLE *Bad Urban 2, 12-tap setting, S0 = 17.92 us #8”
TIQDATA_DIR "CACHAN_NEW”

7:CORR,_MODE NONE

TDELAY RES HIGH

T.CHAN_ATTEN 0.000000e+00 (.000000e+00

T:GROUP_LOSS 0.000000e+00
T:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

TIQFILE "RAY3IIQ" "RAY3.1Q "RAYIIQ" "RAY3.1Q" "RAY3.IQ" "RAY3.IQ
TIQFILE *RAYZIQ' *RAYIIQ" "RAYI.IQ" "RAY3.IQ  "RAY3.IQ" "RAYIIQ"
TDELAY US 000 1.44 288 5.76 11.52 15.84 23.04 36.00 43.20 51.234 39.04 7200
7.DOPPLER_HZ 00 00 00 00 08 09 00 00 €0 0.0 0.0 00
TATTEN DB 7.0 30 1.0 0.0 20 60 70 1.0 20 7.0 100 150
TCORRELATION ©0 ©0 00 €0 00 00 00 00 00 &0 0.0 00

# Profile #9

T.TITLE "Bad Urban 2, 12-tap seiting, SD = 18,9} us #9°
SIQDATA_DIR "CACHAN_NEW"

§:CORR_MODE NONE

BEDELAY RES HIGH

ECHAN _ATTEN 0.00000Ce+00 0.0000002+00

8.GRCUP_LOSS 0.000000¢+00
§:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

SIQFILE "RAYLIQ" "RAY1.IQ *RAYLIQ "RAYLIQ" "RAYLIQ" "RAYLIQ"
EIQFILE "RAYLIQ" "RAYLIQ ‘RAYLIQ RAYLIQ* "RAYLIQ" "RAYLIQ"

$:DELAY_US 0.00 1.52 3.04 6.08 12.16 15.72 24.32 38.00 45,60 54.72 62.32 76.00

$DOPPLER_HZ 0.0 00 0.0 €0 0.0 0.0 0.0 0.0 00 0.0 0.0 00

BATTEN. DB 7.0 3.0 1.0 0.0 20 60 7.0 1.0 28 7.0 10.0 150

8:CORRELATION 00 0.0 0.0 0.0 0.0 0.0 0.0 00 0.0 0.0 00 0.0 3

B Profile #10

9:TITLE *Bad Urban 2, 12-tap sclting. SD = 19.91 us #10”
9IQDATA_DIR "CACHAN_NEW"

9:CORR_MODE NONE

9DELAY RES HIGH

S.CHAN_ATTEN 0.000000+00 0.0000006+00

F:GROUP _LOSS §.000000¢+00
9:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

FIQFILE "RAY3IQ "RAY3IQ" "RAYIIQ “RAY3.IQ" "RAYIIG "RAY3IQ"

2IQFILE "RAYALIQ'RAYIIQ *RAYZIQ "RAY3IQ" "RAYIIQ" "RAY3IY .
SDELAY US  0.00 1.60 3.20 6.40 12.80 17.60 25.60 40.00 43.00 57.60 65.60 80.00

SDOPPLER HZ 00 00 00 00 00 00 00 00 00 00 00 00

9:ATIEN. DB 70 30 1.0 0.0 20 60 7.0 1.0 20 7.0 10,0 150

5.CORRELATION 00 00 00 G0 00 00 00 00 00 00 00 00
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HP 11759C MULTIPATH PROFILES

DARS0280.PRO

#. Profile #1
O:TITLE *Hilly Terrain, 12 taps, SD = 4.984 us #1"
QIQDATA DIR "CACHAN NEW"
0:CORR_MODE NONE

O:DELAY_RES HIGH

O:CHAN_ATTEN 0.000000e+00 0.000000+00

O:GROUP_LOSS 0.000000e+00
0:3PECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

OIQFILE "RAYLIQ" ‘RAYLIQ "RAYLIQ" "RAYLIQ" "RAYLIQ "RAYLIY'
GIQFILE "RAYLIQ" "RAY1IQ" "RAYLIQ" "RAYLIQ" "RAYLIQ" "RAYLIQ"
ODELAY US 000 0.20 0.40 0.60 0.80 2.00 2.40 15.00 15.20 15.80 17.20 20.00
G:DOPPLER_HZ 00 0.0 0.0 0.0 0.0 0.0 00 0.0 00 00 0.0 0.0
O:ATTEN.DB  10.0 80 60 40 00 0.0 40 80 90 100 120 140
O:CORRELATION 00 00 00 0.0 ¢0 00 00 0.0 00 0.0 00 00

# Profile #2

1:TITLE "Hilly Terrain, 12 taps, SD = 5.069 us #2"

LIQDATA_DIR "CACHAN _NEW"

1:CORR_MODE NONE

1'DELAY_RES HIGH

F:CHAN_ATTEN 0.000000e+00 0.000000e+00

1:GROUP_LOSS 0.00000Ge+00

1:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

LIQFILE "RAY3.IQ" "RAY3.IQ" “RAY3IQ" "RAY3IQ" "RAYIIQ" "RAYIIQ®
IHIQFILE "RAY3.IQ" "RAYZIQ" "RAY3.IQ" "RAY3.IQ" "RAY3.IQ" "RAY3.IQ"
LDELAY_US  0.00 0.36 0.72 LOS 1.44 3.60 4.3215.00 15.35 16.44 13.96 24.00
}:DOPPLER_HZ 00 0.0 00 0.0 00 00 0.0 00 0.0 0.0 00 00
IATTEN DB 100 80 6.0 40 0.0 00 40 80 90 100 120 140
L:CORRELATION 0.0 6.0 0.0 0.0 0.0 00 00 00 00 0.0 00 0.0

# Profile #3

2:TITLE "Hilly Temain, 12 taps, SD = 5.249 us #3"

2:IQDATA_DIR "CACHAN_NEW*

2:CORR_MODE NONE

Z:DELAY_RES HIGH

2:CHAN_ATTEN 0.000000¢+G0 0.000000e+00

2:GROUP_LOSS 0.000000+00

2:5PECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
2ZIQFILE "RAYLIQ' "RAYLIQ" "RAYLIQ" "RAYLIQ" "RAYLIQ" "RAYLIQ"
2ZIQFILE "RAYILIQ  "RAYLIQ" "RAYLIQ" "RAYLIQ" "RAYLIQ" "RAYL.IQ"
ZDELAY_US 000 0.52 1.04 1.56 208 520 624 15001552 17.08 2072 28.00
2:DOPPLER_HZ €0 00 0.0 00 00 00 00 00 0C GO 00 00
2ZATTEN_DB 100 80 60 40 00 00 40 80 90 100 120 140
2%CORRELATION 00 00 0.0 00 &0 00 00 0.0 00 06 00 00

H Profile #4
3:TITLE "Hilly Terrain, 12 taps, 50 = 5.516 us #4°
3:IQDATA_DIR "CAMCHAN_NEW*
3:CORR_MODE NONE

3:DELAY_RES HIGH

3:CHAN_ATTEN 0.000000¢+00 0.060000e+00

3:GROUP_LOSS 0.000000e+00
3SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

LIQFILE "RAY3.IQ" "RAY3.1Q  "RAYLIQ" "RAYLIQ  "RAYIIQ "RAY3IQ"
TIQFILE "RAY3.IQ" "RAY3IQ "RAYIIQ "RAYIIK) "RAY3IQ" "RAY3.IQ
3:DELAY US 000 0.6% 136 2.04 272 6.80 8.16 15.00 15.68 17.72 22.48 32.00
3:DOPPLER_HZ 0.0 00 0.0 00 0.0 0.0 0.0 0.0 00 00 00 0.0
BATTEN DB 100 80 60 40 00 0.0 40 80 90 10.0 120 149
3:CORRELATION 00 0.0 6.0 0.0 00 00 0.0 0.0 0.0 00 00 9.0

# Profile #5

4 TITLE "Hilly Termain, 12 taps, SD = 5.357 us 45"
4IQDATA_DIR "CACHAN_NEW"
4:CORR_MODE NONE

4:DELAY_RES HIGH

4:CHAN_ATTEN 0.000000e+00 0.000000e+00

4:GROUP_LOSS 0.000000c+00
4:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

SIQFILE "RAYLIQ "RAYLIQ" "RAYLIQ" "RAYLIQ "RAYLIQ" "RAYLIG
4IQFILE "RAYLIQ" "RAYLIQ" "RAYLIQ "RAYLIQ" "RAYLIQ" "RAY LI
4DELAY US 000 0.84 1.68 2.52 3.36 840 10.08 15.00 15,34 18.36 24.24 36.00
4DOPPLER_HZ 00 00 00 00 0.0 0.0 0.0 00 0.0 00 0.0 0.0
4ATTEN DB 100 80 60 40 00 D0 40 80 £0 100 120 140
4CORRELATION 00 00 00 00 0.0 00 6.0 00 0.0 04 00 0.0
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#. Profile #6

STITLE "Hilly Temain, 12 taps, 5D = 6.26 us #8°

S:IQDATA_DIR "CACHAN NEW’

S:CORR_MODE NONE

$:DELAY_RES HIGH

5:CHAN_ATTEN 0.000000e+00 0.000000e+00

5:GROUP_LOSS 0.000000e+00

5SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
SIQFILE "RAY3IQ* "RAY3.IQ "RAY3.JQ" "RAYIIQ  "RAY3.IQ RAY3IQ"
SAQFILE "RAY3.IQ" "RAY3IQ" "RAYZIQ" "RAY3.IQ "RAYIIQ  "RAYIIQ"
SDELAY_US  0.00 1.60 260 3,00 4.00 10.00 12.00 15.00 16.00 19.00 26.00 40.00
SDOFPLER_HZ 00 0.0 6.0-00 0.0 00 0.0 0.0 ¢.0 0.0 0.0 0.0
SATIEN DB 100 80 60 40 00 0.0 40 80 90 100 120 140
S:CORRELATION 00 00 0.0 00 00 00 00 0.0 0.6 00 0.0 00

#: Profile #7

6. TITLE "Hitly Temrain, 12 taps, SD = 6.714 us #7*

6:IQDATA_DIR "C:\CHAN _NEW"

6:CORR_MODE NONE

&DELAY_RES HIGH

G:CHAN_ATTEN 0.000000e+00 0.000000+00

6:GROUP_LOSS 0.000000¢+00

G:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
GIQFILE "RAYLIQ" "RAYLIQ "RAY1LIQ "RAYLIQ "RAYLIQ" "RAYLIQ"
GIQFILE "RAYL.IQ" *RAYLIQ "RAYLIQ" "RAY1IQ" "RAYLIQ" "RAYLIQ"
GDELAY_US 000 116 232 343 4.64 11.60 13.92 15.00 16.16 19.64 27.76 44.00
6:DOPPLER_HZ 00 00 0.0 0.0 00 00 00 00 0.0 00 ¢0 00
GATTEN_ DB 100 B0 60 40 00 0.0 40 3.0 20 10.0 12,0 140
G:CORRELATION 00 00 00 00 00 0.0 0.0 00 00 00 00 00

# Profile #8

7-TITLE "Hilly Terrain, 12 taps, 5D =7.21 us #8"

TIQDATA _DIR "C\CHAN_NEW"

7.CORR_MODE NONE

7.DELAY_RES HIGH

T.CHAN_ATTEN 0.000000e+00 0.000800e+C0

T.GROUP_LOSS 0.000000c+00

7:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
TIQFILE "RAY3.IQ" ‘RAY3IQ  'RAYIIQ "RAYIIQ "RAY3.IQ" "RAYIIQ
TIQFILE "RAY3.IQ" "RAY3.IQ" "RAY3IQ" "RAYIIQ" "RAY3.IQ" "RAYLIQ
TDELAY_US  0.00 1.32 2.64 3.96 5.28 13,20 15.84 15.00 16.32 20.28 29.52 48.00
T.DOPPLER_HZ 0.0 00 00 00 00 €0 00 00 00 00 00 00
TATTEN_DB 100 8.0 60 40 00 00 40 80 9.0 10.0 120 140
7:CORRELATION 0.0 0.0 00 00 ¢0 00 00 00 00 0.0 0.0 00

H Profile #9

8:TITLE "Hilly Terrain, 12 1aps, SD = 7.471 us §9”

BIQDATA_DIR "CACHAN_NEW"

8:CORR_MODE NONE

B:DELAY_RES HIGH

:CHAN_ATTEN 0.000000¢+0G 00000006400

§:GROUP_LOSS 0.000000e+00

BSPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
SIQFILE "RAYLIQ  "RAYLIQ" ‘RAYLIQ  "RAYLIQ" "RAYLIQ "RAYLIQ"
BIQFILE "RAYLIQ  "RAY1.IQ™ "RAYLIQ" "RAYLIQ "RAYLIQ" "RAYLIQ"
SDELAY_US  0.00 140 2.30 4.20 5.60 14.00 16.80 15,00 16.40 20.60 30.40 50.00
§:DOPPLER_HZ 0.0 0.0 0.0 00 60 00 00 00 00 0.0 00 0.0
SATTEN_ DB 100 80 60 40 00 00 40 30 90 100 120 14.0
B.CORRELATION 00 G0 0.0 0.0 00 00 0.0 00 00 0.0 00 00
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DARS0290.PRO

B Profile #]

G:TITLE "Rurzl Area, 12+41ap selting, SD = 0,02 us #1°

0:IQDATA_DIR "CACHAN NEW™

0:CORR_MODE NONE

O:DELAY RES HIGH

C:CHAN_ATTEN 0.000000e+00 0.000000e+00

0:GROUP_LOSS 0.000000e+0C

0:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
GIQFILE "RAYLIQ "RAYLIQ "RAYLIQ" "RAYLIQ  "RAYILIQ" "RAYLIQ"
O:IQFILE "RAYLIQ" *RAYLIG" "RAYLIQ "RAYLIQ  "RAYLIQ" "RAYLIQ"
ODELAY_US  0.00 0.00 G.OI 0.01 0.02 0.02 0.03 0.04 0.05 0.06 0.06 0.10
O:XOPPLER HZ 0.0 0.0 0.0 ¢.0 0.0 00 0.0 00 0.0 00 0.0 OO
O:ATTEN_ DB 4.0 3.0 0.0 20 3.0 50 7.0 50 60 90 [L0 100
O0:CORRELATION 00 0.0 0.0 00 0.0 00 0.0 0.0 00 0.0 0.0 Q.0

# Profile #2

I:TITLE *Rural Area, 12-tap selting, 5D = 0.04 us #2°

IQDATA DIR "CACHAN_NEW"

1:CORR_MODE NONE

I:DELAY_ RES HIGH

1:CHAN_ATTEN 0.000000e+00 0.000000e+00

1:GROUP_LOSS 0.000000e+00

I:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
LIQEILE "RAYZIQ  "RAYIIQ "RAYIIQ" "RAY3.IQ "RAYIIQ "RAYIIQ"
LIQFILE "RAY3II)" "RAY3IIQ" "RAYIIQ  "RAY3IQ  "RAYIIQ "RAYIIQ"
L:DELAY US 008 0.01 0.02 0.02 0.03 0.05 0,86 .07 0,10 0.12 £.13 0.20
LDOPPLER_HZ 0.0 0.0 0.0 0.0 0.0 00 00 0.0 00 00 00 00
DATTEN DB 40 3.0 G0 20 3.0 50 7.0 50 66 9.0 11.0 100
I:CORRELATION 00 0.0 00 0.0 00 4.0 0.0 00 00 &0 0.0 0.0

# Profile #3

2.TITLE "Rural Arca, 12-tap setting, SD = (.06 us #3°

2IQDATA_DIR "CACHAN_WEW"

2:CORR_MODE WONE

ZDELAY_RES HIGH

2:CHAN_ATTEN 0.000000¢+00 0,000000e+00

2:GROUP_LCSS 0.000000e+00

ZSPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
2LAIQFILE "RAYLIQ  "RAYLIQ" "RAYLIQ  "RAY1IQ" "RAY1IQ" "RAY1IQ"
2IQFILE "RAYLIQ" ‘RAY1LIQ" "RAYLIQ  "RAYLIQ "RAYLIQ" "RAYLIQ"
ZDELAY_US  0.00 0.01 0.02 0.04 0.05 0.07 0.03 0.11 0.14 ¢.18 0.19 030
2IXOPPLER_HZ 0.0 0.0 00 00 00 00 00 0.0 40 00 00 00
ZATTEN_DB 4.0 30 00 20 3.0 50 7.0 50 60 90 11.0 100
2:.CORRELATION 00 0.0 90 00 0.0 00 0.0 €0 00 00 00 00

L Profile #4
J3:TITLE *Rural Area, 12-1ap setting, 3D = 0.08 us #4°

3:IQDATA_DIR "CACHAN_NEW”

3:CORR_MODE NONE

3:DELAY_RES HIGH

3:CHAN_ATTEN €.080000¢+00 0.000000e+00

3.GRCUP_LOSS 0.000000c+00

3BPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

JIQFILE *RAYIIQ"RAYIIQ" "RAYIIQ "RAYIIG "RAYIIQ  "RAYALIQ"

LIQFILE "RAY3IQ "RAYZIQ "RAYIIQ" ‘RAYIIQ "RAYIIQ "RAYIIQ"

3:DELAY_US  G.00 0.02 003 0.05 0,06 0.10 ¢.1]1 Q.74 £.19 0.24 0.26 0.40

3:DOPPLER_HZ 00 00 00 00 0.0 00 G0 00 00 00 00 00 h
FZATTEN DB 40 30 0.0 2.0 3.0 50 7.0 50 60 9.0 11.0 {00

3:CORRELATION 0.0 00 00 0.0 0.0 00 00 0.0 00 00 00 00

# Profile #5

4 TITLE "Rural Arca, 12-tap sctting, 8D = 0.1 us #5"

4:IQDATA_DIR "CACHAN_NEW"

4.CORR_MODE NONE

4DELAY_RES HIGH

4:CHAN_ATTEN 0.000000+00 0.600000c+G0

4:GROUP_LOSS 0.000000c+00

4:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY )
4IQFILE "RAYLIQ" "RAYLIQ" "RAYLIQ" "RAYLIQ" 'RAYLIQ" "RAY1LIQ"
4IQFILE "RAYLIQ" "RAYLIQ" "RAY LIQ" "RAY1.1Q" "RAYLIQ" "RAYLIQ"
4DELAY _US 0.00 0.02 0.04 0.06 0.08 0.12 0.14 0,18 0.24 0.30 0.32 0.50
4DOPPLER_HZ 0.0 0.0 00 00 &0 0.0 0O 00 00 00 00 0O
4ATIEN DB 40 30 00 2.0 3.0 50 7.0 50 60 9.0 11.0 10.0
4:CORRELATION 00 0.0 00 00 00 006 00 00 00 00 00 00
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# Profils #5
S:TITLE "Rural Area, F2-tap setting, SD = 0.12 us #6*

SIQDATA_DIR "CACHAN_NEW*

5:CORR_MODE NONE

5:DELAY_RES HIGH

5:CHAN_ATTEN 0.000000e+00 0.000000e+00

5:GROUP_LOSS 0.000000c+00

5:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
SIQFILE "RAY3.IQ" "‘RAY3.IQ" "RAY3IQ" "RAY1IQ "RAY3.IQ "RAY3.IQ"

SIQFILE "RAY3IQ "RAY3.IQ™ 'RAY3IQ" 'RAY3IQ  "RAYIIQ  "RAYIIQ"

5:DELAY _US  0.00 0.02 0.05 0.07 0.]0 §,14 0.17 0.22 0.29 0.36 0.38 0.60

5:DOPPLER_HZ 0.0 0.0 0.0°00 00 00 0.0 00 00 00 00 00

SATTEN DB 40 3.0 0.0 20 30 50 70 50 60 90 1.0 100

5:CORRELATION 00 0.0 00 ¢.0 00 00 00 00 00 00 00 04

# Profile #7

S TITLE "Rural Area, 12-tap selting, 30 =0.14 us §7"

6:1QDATA_DIR "CACHAN_NEW*

6:CORR_MODE NONE

6:DELAY_RES HIGH

GCHAN _ATTEN 0.000000¢+60 0.000000e+00

6:GROUP_LOSS 0.000000e+00

6:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
6IQFILE "RAYLIQ""RAYLIQ" "RAYLIQ  "RAYLIQ  "RAYLIQ' "RAYLIQ"
6IQFILE "RAYLIQ" "RAY1.IQ" "RAYLIQ" "RAYLIQ" "RAYLIQ" "RAY1.IQ"
G:DELAY LiS  0.00 0.03 0.06 0.08 0.11 0.17 0.20 0.25 0.34 042 045 0.70
6:.DOPPLER_HZ 0.0 0.0 00 00 €0 0.0 00 0.0 00 0.0 00 0.0
GATTEN DB 4.0 30 00 20 30 50 7.0 50 60 90 110 108
6:CORRELATION G0 0.0 €0 0.0 00 00 00 60 00 00 00 00

# Profile 428

T TITLE "Rural Area, 12-tap seiting, $D = 0,16 us #8*

TIQDATA_DIR "CACHAN_NEW”

7:CORR_MODE NONE

T-DELAY_RES HIGH

T:CHAN_ATTEN 0.000000e+00 0.000000¢-+00

T:GROUP_LOSS 0.000000c+00

TSPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
TIQFILE "RAYZIQ" "RAY3IQ" "RAY3.IQ" "RAY3IQ "RAY3IQ "RAYIIQ"
TIQFILE "RAY3.IQ" "RAYIIQ "RAY3.IQ "RAY3.IQ  "RAY3IQ "RAY3.IQ"
FDELAY_US  0.00 0.03 0.06 010 0.13 0.19 0.22 0.29 0.38 048 (.51 0.80
7.DOPPLER_HZ 0.0 .0 0.0 40 00 00 00 00 00 00 00 00
TATIEN_ DB 40 3.0 G0 20 30 50 7.0 50 60 50 11.0 100
T.CORRELATION 00 0.0 00 0.0 00 00 00 00 00 00 0.0 0.0

[ Profile #9

8:TITLE "Rural Arca, 12-tap setting. S = 0.18 us #9”
2JQDATA_DIR "CACHAN NEW*
3:CORR_MODE NONE

§:DELAY_RES HIGH

$:CHAN_ATTEN 0.000000c+00 0.000000e+00

2:GROUP_LOSS 0.000000e+00
®:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

BIQFILE "RAYLIQ" *RAYLIQ" "RAYLIQ "RAY1.IQ" "RAY1.IQ" *RAYLIQ"
SIQFILE "RAYLIQ "RAYLIQ  "RAYLIQ" ‘RAYLIQ "RAYLIQ "RAYLIQ
B:DELAY US  0.00 0.04 0.07 0.11 0.14 022 025 0.32 043 0.54 0.58 0.90
8:DOPPLER_BZ 0.0 0.0 0.0 0.0 0.0 00 00 00 0.0 00 GO 0.0
SATTEN DB 4.0 3.0 0.0 20 3.0 50 70 50 60 90 1.0 100
8:.CORRELATION 00 0.0 0.0 €0 0.0 00 0.0 00 80 0.0 00 00

# Profile #10

S:TITLE "Rural Area, [2-tap selting, 5D = 0.2 us #107
RIQDATA_DIR "CACHAN_NEW"
9:CORR_MODE NONE

9:DELAY_RES HIGH

9;:CHAN_ATTEN 0.000000¢+00 0.000000c+00

SGROUP_LOSS 0.000000e+00
9:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

ZIQFILE "RAY3.IQ" "RAY3.IQ" "RAY3.IQ" "RAYIIQ" "RAY3.IQ" "RAYIIQ

FIQFILE "RAY3IQ" "RAY3.IQ" "RAY3.IQ" "RAY3.IQ" "RAY3.IQ™ "RAY3.IQ" .
9:DELAY US 0.0 0.04 0.08 0.12 0.16 0.24 0.28 0.36 048 0.60 0.64 1,00

S.DOPPLER HZ 0.0 00 00 00 00 00 00 00 G0 0G 00 00

SATTEN DB 4.0 30 0.0 20 30 50 7.0 50 60 9.8 116 100

$CORRELATION G0 00 0 GO 00 00 0.0 00 00 0.0 00 0.0
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DAR90300.PRO

# Profile #1

O:TITLE "Typicat Urban, 12-tap setting, SD =02 us #1"

O:IQDATA_DIR *Cichan_new”

0:CORR_MODE NONE

0:DELAY, RES HIGH

O:CHAN_ATTEN 0.000000¢+00 0.000000e+00

G:GROUP_LOSS 0.000000e+00

0:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
OIQFILE "RAYLIQ "RAYLIQ""RAYLIQ "RAYLIQ" "RAYLIQ" "RAYLIQ"
GIQFILE ‘RAYLIQ" "RAYLIQ "RAYLIQ" "RAYLIQ "RAYLIQ" "RAYLIQ"
O:DELAY_US  0.00 0.04 0.08 0.12 0.16 0.24 0.28 0.36 0.48 0.60 0.64 1.00
O:IDCPPLER_HZ 00 00 00 02 00 00 00 00 0.0 0.0 00 0.0
OATIEN_DB 4.0 3.0 00 20 30 50 70 50 60 9.6 11.0 100
O:CORRELATION 0.0 00 00 0.0 00 0.0 ¢.0 00 ¢.0 0.0 0.0 00

# Profile #2

1:TITLE "Typical Urban, 12-tap setting, 50 = 0.4 us #2°

1:IQDATA_DIR "Ci\chan_new”

1:CORR_MODE NCNE

I:DELAY_RES HIGH

1:CHAN,_ATTEN 0.000000<+00 0.000000e+00

E:GROUP_LOSS 0.00000Ce+00

L:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
LIGFILE "RAY2.IQ "RAY3IQ "RAY3.IQ" "RAYIQ  "RAY3IQ" "RAYALIQ"
LIGFILE "RAY3.1Q" "RAY3.IQ" "RAY3.IQ" "RAY3.IQ" "RAY3.IQ" "RAY3.IQ"
L:DELAY_US  0.00 0.08 0.16 0.24 0.32 §.48 0.56 0.72 0.96 1.2¢ 1.28 2.00
1:DCPPLER_BZ 00 0.0 0.0 00 0.0 00 00 00 00 00 00 00
LATTEN DB 40 3.0 0.0 20 38 50 70 50 60 20 11.0 100
1:.CORRELATION 00 00 00 00 0.0 00 0.0 08 00 00 00 0.0

# Profile #3

LTITLE "Typical Urban, 12-tap setting, 5D = 0.6 us #3”

2:IGDATA_DIR "Ci\chan_new”

2:CORR_MODE NONE

2:.DELAY_RES HIGH

2:.CHAN_ATTEN 0.500000+00 0.000000e+00

2:GROUP_LGSS 0.000000e+00

Z:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
LIGFILE "RAYLIQ" "RAY1.IQ" "RAY11Q" "RAY1.IQ* "RAY LI "RAY1.IQ"
2IQFILE "RAYLIQ" "RAYLIQ  "RAYLIQ "RAYLIQ "RAYLIQ " "RAYLIQ"
ZDELAY_US 0,00 0,12 0,24 036 0.48 0.72 0.84 1.08 1.44 1.80 1.92 3.00
ZDOPPLER HZ 00 0.0 0.0 00 00 00 00 00 00 00 0.0 00
2.ATTEN. DB 40 3.0 00 20 30 50 70 50 60 90 1.0 100
Z.CORRELATION 00 00 D0 00 00 0.0 &0 0.0 00 G0 00 00

# Profile #4

3:TITLE *Typical Urban, 12-tap selting, SD = (.8 us #4"

3:IQDATA_DIR "Ci\chan_new”

3:CORR_MODE NONE

I:DELAY_RES HIGH

J:CHAN_ATTEN 0.000000c+00 0.000000e+00

3:GROUP_LOSS 0.000000e+00

3 BPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
BIQFILE "RAYLIQ "RAYZIQ" 'RAYZIQ "RAYIIQ "RAYIIQ  "RAYIIQ"
ZIQFILE "RAY3IQ™ "RAY3.IQN "RAY3.IQ  "RAY3.IQ" "RAY3.IQ" "RAY3.1Q"
FDELAY_US  0.00 0.16 0.32 0.4% 0.64 056 1,12 1.44 1.92 240 255 4.00
3:DOPPLER _HZ G0 0.0 0.0 00 00 00 00 00 00 00 0O 0.0
LATTEN.DB 40 30 0.0 20 3.0 50 70 50 60 9.0 I11.0 100
3:CORRELATION 00 00 00 00 €0 0.0 00 0.0 0.0 00 0.0 00

# Proftle #5

4:TITLE *Typical Urban, 12-tap sciting, $D = | us #5*

4:[QDATA_DIR "C:\chan_new”

4:CORR_MODE NONE

4:.DELAY_RES HIGH

4:CHAN_ATTEN 0.000000¢+0( 0,000000e+00

4:GROUP_LOSS 0.000000e+00

4:3PECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
4:IQFILE "RAYLIQ" "RAYLIQ" "RAYLIQ "RAY1.1Q" "RAYLIQ" "RAY1.IQ"
AIQFILE "RAYLIQ" "RAYLIQ  "RAYLIQ *RAY1IQ" "RAYLIQ" "RAYLIQ"
4DELAY_US . .00 0.20 040 060 0.80 1,20 1.40 .80 240 3,00 3.20 5.00
4DOPPLER HZ 00 ¢0 00 G0 00 0.0 08 0.0 00 00 0.0 00
GATTEN DB 44 30 00 20 30 50 7.0 50 60 9.0 110 100
4:CORRELATION 00 00 00 00 00 0.0 €0 00 00 00 00 4.0
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# Profile #6

5:TITLE "Typical Urban, 12-tap setting, 8D = 1.2 us #6"

SIQDATA DIR "Cichan new”

5:CORR_MODE NONE

5:DELAY_RES HIGH

5:CHAN_ATTEN 0.000000e+00 0.000000:+00

S:GROUP_LOSS 0L.003000e+00

5:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
S:IQFILE "RAY3.IQ" "RAY3.IQ" "RAY3.IQ  'RAY3.IQ  "RAY3IQ  "RAYIQ
S:IQFILE "RAY3.1Q" "RAY3.1IQ" "RAY3.IQ™ "RAY3.IQ" "RAYIIQ" "RAY3.IQ"
S:DELAY US  0.00 0.24 .43 0.72 0.96 144 1.68 2.16 2.33 3.60 3.34 600
S:DOPPLER_HZ 0.0 0.0 0.0 00 ¢0 0.0 00 00 00 00 00 00
SATTEN. DB 40 3.0 00 20 30 50 7.0 50 6.0 9.0 il.0 100
5:CORRELATION G0 0.0 00 00 05 00 00 00 00 00 0.0 40

# Profile #7

G:TITLE "Typical Urban, 12-tap setting, SD = | 4us #7*

SIQDATA_DIR "Cilchan_new”

G:CORR_MODE NONE

6:DELAY_RES HIGH

6:CHAN_ATTEN 0.000000e+00 0.000000e+00

6:GROUP_LOSS 0.000000:+00

G:BPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
G:IQFILE "RAYLIQ "RAYLIQ "RAYLIQ" "RAYLIQ" "RAYLIQ" '‘RAYLIQ"
G:IQFILE "RAYLIQ" "RAYLIQ "RAYLIQ" "RAYLIQ" "RAYLIQ  "RAYLIQ
6DELAY_US  0.00 0.28 0.56 0.84 1.12 1.68 1.96 2.52 336 4.20 4.48 700
G:DOPPLER_HZ 0.0 00 0.0 00 00 40 0.0 00 0.0 00 00 00
GATTEN.DB 40 30 0.0 20 30 50 70 50 6.0 9¢ 11.0 100
GCORRELATION 0C 0.0 0.0 00 00 00 00 00 00 0.0 00 00

# Profile #3

I:TITLE "Typical Urban, 12-tap setting, SD = 1.6 us #8"

T:IQDATA_DIR *C:\chan_new*

T:.CORR_MODE NONE

TDELAY_RES HIGH

T-CHAN_ATTEN 0.000000e+00 0,030000e+00

7:GGROUP_LOCSS 0.000C00c+00

7:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
TIQFILE "RAY3.1Q™ "RAYAIQ" "RAY3IIQ  "RAY3.IQ" "RAY3.IQ" "RAY3.IQ"
TIQFILE ‘RAY3IIQ "RAY3IQ" ‘RAYIIQ "RAY3.IQ" "RAY3IQ" "RAY3IQ"
TDELAY US 000 032 0.64 056 128 152 224 2.85 3.34 4.30 5.12 8.00
7:DOPPLER _HZ 00 00 00 00 00 00 00 00 0.0 00 00 00
TATTEN DB 40 3.0 00 20 30 50 70 50 60 9.0 [1.0 10.0
T:CORRELATION 0.0 0.0 0.0 00 0.0 0.0 0.0 D0 00 00 0.0 00

2 Peofile #9

E:TITLE *Typical Utban, 12-tap selling. 3D = 1.8 us #9°

SIQDATA_DIR "Cichan_new”

2.CORR_MODE NONE

:DELAY_RES HIGH

$:CHAN_ATTEN 0.000000¢+00 0.000000¢+00

8:GROUP_LOSS 0.000000c+00

8:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
BIQFILE "RAYLIQ "RAYLIQ " RAYLIQ  "RAY L.IQ" "RAY1LIQ" "RAYLIQ"
RIQFILE "RAYLIQ" "RAYLIQ  "RAYLIQ "RAYLIQ" "RAYLIQ *RAYLIQ"
EDELAY_US  0.00 0.36 0.72 1.03 144 216 2.52 3.24 432 540 5.76 9.00
8:DOPPLER HZ 0.0 0.0 00 00 0.0 00 00 00 00 05 9.0 00
SATTEN DB 40 3.0 0.0 20 30 50 70 50 6.0 9.0 110 100
8:CORRELATION 0.0 00 00 00 00 0.0 0.0 00 0.0 00 00 00

[ Profile #10

S TITLE "Typical Urban, 12-tap setting, SO =2 us 410"

9IQDATA _DIR "Cichan_new"

9.CORR_MODE NONE

9:DELAY_RES HIGH

SCHAN_ATTEN 0.000000¢+00 0.000000e+H0

9:GROUP_LOSS 0.000000c+00

S:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
SIQFILE "RAY3.IQ" "RAYIIQ "RAYLIQ  "RAYIIQ "RAYLIQ  "RAYIIQ"

FIQFILE "RAY3.IQ" "RAY3.IQ" "RAY3.IQ" "RAYLIQ "RAYIIQ "RAY3.IQ" .
9:DELAY _US 000 0.40 0.80 1.20 1.60 2.40 2.80 3.60 4.80 6.00 6.4010.00
9:DOPPLER_HZ 00 0.0 0.0 00 0.0 00 00 00 00 00 00 00

SATIEN_ DB 4.0 3.0 00 20 3.0 50 70 50 6.0 9.0 110 100

9:CORRELATION 0.0 0.0 ©.0 0.0 0.0 00 00 00 GO 0.0 00 00
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DARS0310.PRO

K Profile #1

O:TITLE "Bad Urban 1, 12-4tap setling, 5D =0.9953 us 1"

O IQDATA_DIR "CACHAN_NEW"

0:CORR_MODE NONE

O:DELAY_RES HIGH

G:CHAN_ATTEN 0.000000¢+00 0.000000e+03

0:GROUP_LOSS 0.000000¢+00

0:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

CIQFILE "RAY14.IQ" "RAYI4.IQ" "RAY4.IQ" "RAY14.1Q" "RAY14.1Q" "RAY14.1Q"
O:IQFILE "RAY14.IQ" "RAY14.IQ" "RAY14.1Q" "RAYI4.IQ" "RAYI4IQ" *RAY14.IQ"
GDELAY _Us  0.00 0.08 0.16 0.32 0.64 0.88 1.28 2.00 240 2.88 3.28 4.00
O:DOPPLER HZ 00 4.0 0.0 09 £0 00 09 60 09 0.0 0.0 Q.0
OATIEN_ DB 7.0 3.0 1.0 00 20 60 70 10 20 7.0 10.0 150
O:CORRELATION 0.0 00 00 00 00 0.0 GO 00 0.0 0O 0.0 0.0

# Profile #2

1:TITLE "Bad Urban 1, 12-tap setting, 5D = 1.591 us 2*
IIQDATA_DIR *CACHAN_NEW"

1L.CORR_MODE NONE

[:DELAY _RES RIGH

I:CHAN_ATTEN 0.000000e+00 0.000000e+00

L:GROUP_LOSS 0.000000c+00
I:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

VIQFILE "RAY43.1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY4S.IQ
VIQFILE "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" 'RAY45.1Q" "RAY4S.1Q"
I'DELAY US  0.00 0.16 032 0.64 128 1.78 .56 4.00 480 5.76 6.56 8.00
1:DOPPLER_HZ 0.0 00 00 6.0 0.0 00 0.0 0.0 0.0 0.0 0.0 0.0
L:ATTEN._DB 7.0 3.0 1.0 00 20 66 70 1.0 20 7.0 160 150
1;:CORRELATION 0.0 0.0 0.0 0.0 00 00 0.0 00 00 0.0 00 00

# Profile #3

2:TiTLE "Bad Urban 1, 12:t2p selling, 80 = 2986 us 3"
ZIQDATA_DIR "CACHAN_NEW"
2:CORR_MODE NONE

2:DELAY_RES HIGH

2:CHAN_ATTEN 0.0G000Cc+00 0.0000002+00

2:GROUP_LOSS 0.0000006+00
LSPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

2ZIQFILE *RAY14.1Q" "RAY14.1Q" "RAY14.IQ" "RAY14.1Q" "RAY14.1Q" "RAY 14.I1Q™
2ZIQFILE "RAY141Q" 'RAYI41Q" "RAYI4IQ™ "RAYT41Q" "RAY 141" "RAY 141G
EDELAY US 000 0.24 048 0.96 1.92 264 3.84 6.00 7.20 864 9.84 1200
2:.DOPPLER HZ 0.0 ¢0 0.0 0.0 00 00 00 00 00 00 0.0 0.0
ZATIEN DB 70 3.0 1.0 00 20 60 7.0 1.0 20 7.0 100 15.0
L.CORRELATION 0.0 00 00 00 G0 00 00 0.0 00 0.0 00 00

#. Profile #4

3:TITLE "Bad Urban I, F2-tap setting. SD = 3,981 us 4*

3:IQDATA_DIR "CACHAN_NEW*

3:CORR_MODE NONE

3:DELAY_RES RHIGH

J:CHAN_ATTEN 0.008000e+00 0.000000e+00

3:GROUP_LOSS 0.000000c+00

3:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

BIQFILE "RAY45.1Q" "RAY4S.1Q" "RAY4S.1Q" "RAY4S.1Q" "RAY4S.IG "RAY45.1Q"
3IQFILE "RAY45.IQ" "RAY4S.1Q" "RAY4S.IQ" "RAY45.1Q" "RAYA5.IQ" "RAY4S.IQ"
3DELAY_US  0.00 0.32 064 128 2.56 3.52 5.12 8.00 9.6011.52 13.1216.00
3DOPPLER Hz 00 0.0 00 00 G0 0.0 0.0 00 0.0 00 0O 06
3ATTEN DB 7.0 3.0 1.0 0.0 20 60 70 1.8 2.0 7.0 180 150
3:CORRELATION 00 0.0 0.0 0.0 0.0 0.0 0.0 06 G0 0.0 00 0.0

# Profile #5

4 TITLE "Bad Urban 1, 12:tap sclting, SD = 4.976 us 5"
4:1QDATA_DIR "CACHAN_NEW"
4:CORR_MODE NONE

4DELAY RES HIGH

4.CHAN_ATTEN 0.000000¢+00 0.000000c+00

4:GROUP_LOSS 0.000000c+00
45PECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY )

AIQFILE "RAY14.1Q" "RAY14.IQ" "RAYI4.1Q" "RAYI41Q" "RAYI41Q" "RAY 410"
4IQFILE "RAY141Q" "RAY14.1Q" "RAY 14.1Q" "RAY [4.10" "RAY 14.1Q" "RAY 410"
4DELAY_US 000 040 0.30 1.60 3.20 4.40 6.40 10.00 12.00 14.40 16.40 20.00
4DOPPLER_HZ 0.0 0.0 00 00 0.0 0.0 &0 00 00 00 0.0 00
SATTEN. DB 70 30 10 06 20 60 70 1.0 20 7.0 100 150
4:CORRELATION ¢.0 0.0 0.0 0.0 00 00 00 00 00 00 00 €O
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# Profile #6

FTITLE "Bad Urban 1, 12-1ap setting, SD = 5972 us 6*

SIQDATA DIR *CACHAN_NEW"

5:CORR_MODE NONE

$:DELAY_RES HIGH

5:CHAN_ATTEN (.000000e+00 0.000000+00

SGROUP_LOSS 0.000000c+00

3SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
SIQFILE "RAY45.IQ" ‘RAY45.1Q" "RAY45.IQ" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q"
SIQFILE "RAY45IQ" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.IQ" "RAY45.1Q"
SDELAY U5  0.00 0.48 0.96 1.92 3.84 528 7.68 12.00 14,40 17.28 19.68 24.00
5:DOPPLER_HZ 0.0 0.0 0.0 00 00 00 00 00 00 00 0.0 0.0
SATTEN DB 7.0 3.0 1.0 00 20 60 70 1.0 20 7.0 10.0 150
S:CORRELATION 0.0 9.0 00 0.0 00 0.0 00 0.0 0.0 0.0 0.0 0.0

#: Profile #7

6. TITLE "Bad Urban 1, 12-tap setling. 8D = 6.567 us 7"

6:IQDATA_DIR "CACHAN_NEW"

6:CORR_MODE NONE

6DELAY _RES HIGH

G:CHAN_ATTEN 0.000000e+00 0.000000e+00

6:GROUP_LOSS 0.000000e+00

6:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
GIQFILE "RAYI4.1Q" "RAYI41Q" "RAY14.1Q" "RAYI4IQ" "RAY4IQ" "RAY14.1Q"
GIQFILE "RAYI4.1Q" "RAYI4IQ" "RAY14.1Q" "RAYI4.IQ" "RAY14.1Q" "RAY 14.1Q"
6:DELAY US 000 0.56 1.12 2.24 448 6.i6 8.96 14.00 16.80 20.16 22.95 28.00
6:DOPPLER_HZ 00 0.0 00 00 ¢.0 0.0 0.0 04 0.0 00 00 00
GATTEN_ DB 7.0 3.0 1.0 0.0 2.0 60 70 1.0 20 7.0 100 150
6:CORRELATION 0.0 00 0.0 0.0 0.0 00 0.0 00 0.0 0.0 0.0 G0

4. Profile #3

T.TITLE *Bad Urban 1, §2-tap setting, SD = 7.952 us 8"
TIGDATA _DIR "CACHAN NEW"
T:CORR_MODE NONE

7:DELAY_RES HIGH

T:CHAN_ATTEN 0.000000e+00 0,000000e+00

7.GROUP_LOSS 0.000000c+00
T:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

TIQFILE "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.IQ" "RAY45.1Q"
TIQFILE "RAY45,1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.IQ" "RAY4S IQ"
T.DELAY_US  0.00 0.64 1,28 2.56 5.12 7.04 10.24 16.00 19.20 23.04 26.24 32.00
T:DOPPLER_HZ 00 00 0.0 00 ©0 0.0 0.0 0.0 ¢.0 0.0 00 00
TATTEN_DE 7.0 30 1.0 00 2.0 6.0 7.0 1.0 20 7.0 10.0 150
T-CORRELATION 0.0 0.0 ¢.0 0.0 00 ¢C 0.0 0.0 0.0 0.0 0.0 00

# Profile 49

8.TITLE "Bad Urban 1, 12-tap sciting, SD=3.958 us 9"

EIQDATA_DIR “CACHAN_NEW"

8:CORR_MODE NONE

&DELAY_RES HIGH

$:CHAN_ATTEN 0.000000e+00¢ 0.000000:+00

$:GROUP_LOSS 0.000000c+00

3:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

B:IQFILE "RAY14.IQ" "RAYI4.1Q" "RAYI4.IQ" "RAYI4IQ" ‘RAY 14.1Q" "RAY14.1Q"
EIQFILE "RAYI4.IQ" "RAY14.1Q" "RAYI4.1Q" "RAY14.1Q" "RAY14.1Q" "RAY14.1Q"
TDELAY_US (.00 0.72 1.44 2.38 5.76 7.9211.52 18.60 21.60 25.92 29.52 36.00
$DOPPLER_HBZ 04 00 0.0 00 0.0 0.0 0.0 0.0 0.0 0.0 0.0 DO
SATTEN DB 7.0 3.0 10 00 20 60 70 1.0 20 7.0 10.0 150
8:CORRELATION 0.0 0.0 ¢.0 0.0 0.0 0.0 60 00 00 0 00 00

¥ Profilc #10

9:TITLE "Bad Urban {, 12-tap sclling, S = 9953 us 10"

%IQDATA_DMR "C\CHAN_NEW-"

9.CORR_MODE NONE

%DELAY_RES HIGH

SCHAN_ATTEN 0.000000¢+00 0.000000c+00

9:GROUP_LOSS 0.000000e+00

%3PECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
QIQFILE "RAY451Q "RAY45.IQ" "RAY45.1Q" "RAY45.1Q° "RAY45.1Q" "RAY4S1Q"

QIQFILE "RAY451Q" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY4S5.1IQ™ "RAY45.1Q"
9DELAY_US  0.00 0.80 1,60 3,20 6.40 3.80 12.80 20.00 24.00 28.80 32.80 40.00 B
9:DOPPLER_HZ 00 0.0 0.0 0.0 00 0.0 0.0 0.0 00 0.0 00 0.0

SATTEN_DB 7.0 3.0 LO 00 20 60 70 1.0 2.0 7.0 10.0 150

%CORRELATION 00 0.0 0.0 00 00 00 00 00 00 00 00 GO
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DAR90320.PRO

# Profile #1

O:TITLE "Bad Urban 2, F2-tap selling, 5D = 10.95 us #1*

GIQDATA_DIR "CACHAN NEW*

0:CORR_MODE NONE

0:DELAY_RES HIGH

G.CHAN_ATTEN $.000000e+00 0.000000e+0]

(0:GROUP_LOSS 0,000000e+00

0:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
GIQFILE "RAY14.1Q" "RAY14.1Q" "RAY14.1Q" "RAY14.1Q" "RAY I4.1Q" "RAY14.1Q"
GIQFILE "RAY141Q" *RAYI4IQ" "RAY141Q" "RAY14.1Q" "RAYI4.IQ" "RAYI4IQ"
ODELAY US 000 (.33 1.76 3.52 7.04 9.68 14.08 22.00 26.40 31.68 36.08 44.00
ODCPPLER HZ 00 00 00 00 00 0.0 00 00 00 00 00 05
Q:ATTEN_DB 7.0 30 1.0 00 20 60 70 1.0 20 70 100 150
0.CORRELATION 0.0 00 0.0 0.0 0.0 0.0 00 00 0.0 00 00 00

# Profile #2

L:TITLE "Bad Urban 2, 12-tap selting, SD = 11.94 us #2*

I:IQDATA_DIR "CACHAN NEW"

1:CORR_MODE NOWE

IDELAY_RES HIGH

1:CHAN_ATTEN 0.000000e+C0 0,0000002+00

1:GROUP_LOSS 0.000000s+00

1I:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
DIQFILE "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.IQ" "RAY45.1Q" "RAY45.1Q"
LIQFILE "RAY451Q" "RAY45IQ" "RAY45.1Q" "RAT45.IQ" "RAY45.1Q" "RAY451Q"
1:DELAY_US  0.00 0.95 1.92 3.34 7.68 10.56 15.36 24.00 28.30 34.56 35.36 45.00
1:DOPPLER_HZ 0.0 9.0 00 00 00 00 00 00 00 00 00 00
VATTEN DB 740 3.0 1.0 0.0 20 60 70 1.0 2.0 7.0 i0.0 150
1:CORRELATION 00 0.0 00 00 00 00 00 00 €0 00 00 0.0

# Profite #3

2. TITLE "Bad Urban 2, 12-1ap setting, SD = 12.94 us #3"

ZIQDATA_DIR "CACHAN_NEW®

2:CORR_MODE NONE

2DELAY_RES HIGH

2:CHAN_ATTEN 0.00000G¢+00 0.000000e+00

2:GROUP_LOSS 0.000000¢+00

2:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
2IQFILE "RAYI4.IQ" "RAY14.1Q" "RAY14.1Q" "RAY14.1Q" "RAY14.1Q* "RAYI4.IQ"
ZIQFILE "RAYI4IQ" "RAYI4.IQ "RAYI4.IQ" "RAY141Q" "RAYIAIQ" "RAYIAIQ"
SDELAY YIS 000 1.4 2.08 4,16 8321144 16.64 2600 31,20 37.44 43.64 52.00
2DOPPLER_HZ 04 0.0 0.0 00 00 00 00 00 00 00 00 00
2ZATTEN. DB 7.0 30 LO 00 20 60 70 L0 2.0 7.0 100 150
2:CORRELATION 0.0 0.0 ©0 0.0 00 60 0.0 00 00 00 00 00

H Profile #4

3. TITLE "Bad Urban 2, 12-tap setting, SD = 13.93 us #4"
3IQDATA_DIR "CACHAN_NEW"

3:CORR_MOCDE NONE

3:DELAY_RES HIGH

3:CHAN_ATTEN 0.000000¢+00 0.000000c+00

3:GROUP_LOSS 0.000000¢+00
3SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

FIQFILE "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY4S1Q"
J:IQFILE "RAY45.1Q" "RAY45.1Q” "RAY45.1Q" "RAY45.1Q" "RAY45.IQ" "RAY45.1Q"
I:DELAY_US  0.00 1.12 2.24 448 8.96 1232 [7.92 28.00 33.60 40.32 45.92 56 00
RDOPPLER_HZ 0.0 00 0.0 0% 00 0.0 0.0 00 90 00 00 00
JATIEN_DB 7.0 30 1.0 00 20 60 70 1.0 20 7.0 100 150
3:CORRELATION $.0 0.0 0.0 0.0 4.0 00 00 00 00 00 00 Q0

H Profite #5

4:TITLE "Bad Urban 2, 12-tap sclting. 5D = 14.93 us #5*
4:IQDATA_DIR "CACHAN_NEW"

4:CCRR_MODE NONE

4DELAY_RES HIGH

4:CHAN_ATTEN 0.0000006+00 0.000000c+00

4.GROUP_LCSS (L00000Ce+00
4:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

4IQFILE "RAY14.IQ" "RAYI4.IQ" "RAYI4.IQ" "RAY14.1Q" "RAY14.1Q" "RAYI14.IQ"
4IQFILE "RAYI14.IQ" "RAY14.1Q" "RAYI4.IQ" "RAY 14IQ" "RAY14.1Q" "RAYI4.IQ”
4DELAY_US 0,00 1.20 2.40 4.80 9.60 13.20 19.20 30.00 36.00 43.20 49.20 60.00
4:DOPPLER_HZ 0.0 0.0 0.0 ¢0 0.0 0.0 0.0 0.0 0.0 00 0.0 00
4ATTEN_DB 70 30 1.0 00 20 6¢ 70 1.0 20 7.0 100 15.0
4:CORRELATION 0.0 00 0.0 00 00 00 0.0 00 008 4.0 00 00
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# Profile ¥6

S:TITLE "Bad Urban 2, [2-tap setting, SD = 15,92 us #6"

5IQDATA_DIR *CACHAN NEW-

5.CORR_MODE NONE

S:DELAY RES HIGH

S.CHAN_ATTEN 0.000000e+00 0.000000e-+00

5:GROUP_LOSS 0.000000e+00

S:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

SIQFILE "RAY45.IQ" "RAY45.IQ" "RAY45.1IQ" "RAY45.IQ" "RAY45.1Q" "RAY45.1Q"
SUQFILE "RAY45.1Q "RAY45.1Q" "RAY4S.1IQ" "RAY45.1Q" "RAY45.IQ" "RAY4S IQ*
S:DELAY_US  0.00 1.28 2.56 512 10.24 14.08 20.48 32.00 38.40 45.08 52.43 64.00
S:DOPPLER HZ 0.0 0.0 00700 00 00 ¢.0 00 00 00 0.0 00
SATTEN DB 70 30 1.0 00 20 60 70 1O 20 70 100 150
5:.CORRELATION 0.0 00 00 00 00 00 0.0 00 9.0 00 0.0 00

& Profile #7

6:TITLE "Bad Urban 2, 121ap setting, SD = 16,92 us #7"
GIQDATA_DIR "CACHAN_NEW"

6:CORR_MODE NONE

&DELAY_RES HIGH

G:CHAN ATTEN 0.000000¢+00 0.000000e+00

G:GROUP_LOSS 0.000000e+00
6:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

&SIQFILE "RAY14.1Q" "RAY14.1Q" ‘RAY14IQ" "RAYI4.1Q" "RAYI4.IQ" "RAYI4.IQ"
6IQFILE "RAY141Q" "RAYI4.IQ" "RAY14.IQ" "RAY[4.1Q" "RAY14.1Q" "RAY14.1Q"
GDELAY_US  0.00 1.36 2.72 544 10.88 14,96 21.76 34.00 40.80 48.96 55.76 68.00
6:DOPPLER_HZ 0.0 0.0 0.0 0.0 0.0 0.0 00 00 0.0 DO 0.0 00
6ATTEN_DB 7.0 3.0 1.0 ¢0 20 60 7.0 1.0 2.0 7.0 100 150
6:CORRELATION 0.0 0.0 0.0 0.0 0.0 0.0 0.0 0.0 00 00 00 00

# Profile #3

7:TITLE "Bad Urban 2, 12-tap sefting, SD = [7.92 us #8~
TIQDATA_DIR "CACHAN_NEW"

T:CORR_MODE NONE

TDELAY_RES HIGH

T:.CHAN_ATTEN 0.000000c+00 0.000000¢+00

T.GROUP_LOSS 0.000000+00
TSPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

TIQFILE "RAY45.IQ" "RAY45.IQ" "RAY45.1Q" "RAY45.1Q" "RAY4S5.IQ" "RAY4S5.1Q*
TIQFILE "RAYA5.1Q" "RAY45,IQ" 'RAY45.IQ" "RAY45.1Q° "RAY45.IQ" "RAYLS.IQ"
TDELAY_US 000 144 2.88 576 11.5215.84 23.04 36.00 43.20 51.84 59.04 72.00
7:DOPPLER_HZ 0.0 0.0 0.0 0.0 0.0 6.0 0.0 0.0 0.0 0.0 0.0 0.0
TATTEN_DB 70 3.0 1.0 ¢0 20 60 7.0 1.0 20 7.0 100 150
T:CORRELATION 0.0 0.0 0.0 0.0 00 0.0 0.0 00 00 0.0 00 00

# Profile 9

8:TITLE "Bad Urban 2, 12-tap sctting, SD = 18.91 us #%”
BIQDATA_DIR “"CACHAN _NEW®

8.CORR_MODE NONE

8:DELAY_RES HIGH

B.CHAN_ATTEN 0,000000e+00 0.000000¢+00

8:GROUP_LOSS 0.000000:+00
ESPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

SIQFILE "RAYIAIQ "RAYI4.IQ" "RAY14IQ" *RAY4.IQ" "RAY14.1Q" "RAY14.1Q"
$IQFILE "RAYI4.1Q" "RAY14.1Q" "RAYI4.1Q" "RAY 14.1Q" "RAY14.1Q" "RAY14.1Q”
SDELAY_US  0.00 1.52 3.04 6.0812.16 16.72 24.32 38.00 45.60 54.72 62.32 76.00
8:DXOPPLER_HZ 0.0 0.0 0.0 0.0 0.0 6.0 0.0 0.0 0.0 0.0 0.0 00
BEATIEN DB 7.0 3.0 1.0 00 20 6.0 70 1.0 20 7.0 100 150

8 CORRELATION 6.0 G0 00 00 00 0.0 0.0 0.0 00 00 00 00

# Profile #10

9:TITLE "Bad Urban 2, 12-tap setting. SD = 19.91 us #10”

9IQDATA_DIR "C:ACHAN_NEW"

9:.CORR_MODE NONE

9:DELAY_RES RIGH

9:CHAN_ATTEN 0.000000¢+00 0.000000c+00

9:GROUP_LOSS 0.000000¢+00

9:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
QIQFILE "RAY45.IQ" "RAY4S5.IQ" "RAY45.1Q" "RAY45.IQ" "RAY4S5.1Q" "RAY4S5.1Q"

9:IQFILE "RAY45.IQ" "RAY45.1Q" "RAY45.1Q "RAY4S5.IQ" "RAY45.1Q" "RAY45.1Q" .
9:DELAY_US  0.00 1.60 3.20 6.40 12.80 17,60 25.60 40.00 48 00 57.60 65.60 80.00

S DOPPLER_HZ 0.0 0.0 0.0 0.0 0.0 0.0 00 0.0 00 0.0 00 00

S:ATTEN_DB 70 3.0 1.0 00 20 60 70 1.0 20 7.0 100 158

9.CORRELATION 04 00 00 06 0.0 00 00 00 0.0 00 00 00
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DARS0330.PRO

# Profile #1

O:TITLE "Hilly Terrain, 12 taps, SD = 4.584 us #17

0:IQDATA_DIR "C:\CHAN_NEW"

0:CORR_MODE NOWE

0:DELAY RES HIGH

0:CHAN_ATTEN 0.000000e+00 0.000000=+00

O:GROUP_LOSS 0.000000e+00

G:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
0:IQFILE "RAYI14.]Q" "RAYI4IQ "RAY14IQ" "RAYI4.IQ" "RAY14.1Q" "RAYI4.IQ"
O:IQFILE "RAY14.IQ" "RAYI4]Q" "RAY14.IQ" "RAYI4.IQ  "RAY14.IQ" "RAY14.IQ"
O:DELAY_US  0.00 0.20 0.40 0.60 0.80 2.00 2.40 15.00 15.20 15.30 17,20 20.00
{:GOPPLER_HZ 04 06 00 00 00 00 00 00 00 00 00 00
OCATEEN._ DB 100 80 60 40 00 00 40 80 50 100 12.0 140
G:CORRELATION 0.0 0.0 04 00 00 00 0¢ 00 00 00 00 00

# Profile 2
[TIFLE "Hilly Terrain, 12 taps, SD = 5.06% us #2°
I:IQDATA_DIR "CACHAN_NEW*
1:CORR_MCDE NONE

I:DELAY_RES HIGH

LCHAN_ATTEN (.000000e+00 0.000000e+00

EGROUP_LOSS 0.000000:+00
L:iSPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

LIQFILE "RAY45.1IQ" "RAY45.1Q" "RAY45.IQ" "RAY45.1Q" "RAY4S.IQ" "RAY4S.IQ"
LIQFILE "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" *"RAY4S.IQ" "RAY45.IQ"
LDELAY US  0.00 0.36 0.72 1,08 1.44 3.60 4.3215.00 15.36 16.44 18.96 24.00
I:DCPPLER_HZ 00 0.0 00 00 00 0.0 00 0.0 0.0 00 00 00
LATTEN DB 10.0 8¢ 60 40 0.0 0.0 40 80 €0 100 120 14.0
BCORRELATION 0.0 0.0 00 00 00 00 00 00 00 0¢ 00 0.0

[ Profile #3

ZTITLE "Hilly Termain, 12 taps, 513 = 5.249 us #3*

2IQDATA _DIR "CACHAN_NEW"

2:CORR_MCDE NONE

2:DELAY_RES HIGH

2:CHAN_ATTEN 0.000000e+00 0.000000c+00

2:GROUP_LOSS 0.000000¢+00

ZSPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
ZIQFILE "RAYI4IQ  "RAYI4IQ" "RAY14.IQ" "RAY141Q" "RAY14.1Q" "RAYI4.IQ"
ZIQFILE "RAY14.1Q" "RAY4.IQ" "RAYIAIQ" "RAY14.1Q" "RAY 1410 "RAYI4.1Q
2DELAY_Us  0.00 0.52 1.04 1.56 2.08 520 6.24 15.00 15.52 17.08 20.72 28.00
ZDOPPLER HZ 0.0 0.0 00 00 0¢ 00 0.0 00 00 00 00 00
ZATTEN_DB 100 8.0 60 40 0.0 00 40 80 %0 100 120 140
Z.CORRELATION 0.0 00 00 0.0 00 00 06 00 00 00 00 00

[ Profile #4
3:TITLE ~Hilly Terrain, 2 taps, 8D = 5.516 us #4*
3:IQDATA_DIR "CACHAN_NEW”
3:CORR_MODE NONE

3:DELAY_RES HIGH

3:CHAN_ATTEN 0.000000¢+00 0.000000e+00

3:GRCUP_LOSS 0.000000e+00
3:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

3IQFILE "RAY4S5IQ" "RAY45IQ" "RAYASLIQ "RAY45.1Q" "RAY45.1Q" "RAY45.IG"
3:IQFILE "RAY45.IQ" "RAY45.1Q" "RAY45.IQ" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q"
3LDELAY_US .00 0.68 1.36 2,04 2.72 6.80 8.16 15.00 15.68 17.72 22.48 32.00
3:DOPPLER HZ 0.0 0.0 0.0 0.0 00 00 0.0 00 0.0 0.0 0.0 00
3ATIEN DB 100 8.0 60 4.0 0.0 0.0 40 80 90 10.0 120 140
3:CORRELATION 0.6 00 040 00 00 0.0 0.0 0.0 0.0 0.0 00 00

# Profile #5

4 TITLE "Hilly Temain, £2 taps, SD = 5.857 us #5°
4IQDATA_DIR "CACHAN_NEW"
4:.CORR_MODE NONE

4:DELAY_RES HIGH

4:CHAN_ATTEN 0.000000e+00 0.000000¢+00

4:GROUP_LOSS 0.000000e+00
4:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

4IQFILE "RAY14.1Q" "RAY14.IQ" "RAY14.1Q" "RAYI4.IQ "RAY14.1Q" "RAY14IQ"
4IQFILE "RAY14.1Q" "RAY14.1Q" "RAYI4.IQ" "RAYI4IQ "RAY14.1Q" "RAY14.1Q"
4DELAY_US 000 0.84 1.68 2.52 3.36 8.40 10.08 15.00 15.84 18.36 24.24 36.00
4DOPPLER_HZ 00 0.0 00 00 00 0.0 0.0 00 00 0.0 0.0 00
4ATTEN DB 100 80 60 40 00 0.0 40 83 90 100 12.0 140
4:CORRELATION 0.0 0.0 00 0.0 06 00 00 00 00 00 00 80
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# Profile #6

5:TITLE "Hilly Tewain, 12 1aps, 5D = 6.26 us #6"

SIQDATA_DIR *CACHAN NEW®

5:CORR_MODE NONE

5:DELAY_RES HIGH

5.CHAN_ATTEN 0.000000e+00 0.000000e+00

5:GROUP_LOSS 0.000000e+00

S:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
SIQFILE "RAY45IQ" ‘RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAYIS.IQ" "RAY4S.IQ
SIQFILE "RAY45.IQ" "RAY45.IQ" "RAY45.1Q" "RAY4S.IQ" "RAY45.1Q" "RAY4SIQ"
SDELAY TS 000 1.00 2.00 3.00 4.0¢ 10.00 12:00 15,00 16,00 19.00 26.00 40.0¢
5DOPPLER_HZ 0.0 Q.0 0.0 00 00 0.6 0.0 0.0 00 00 00 ¢0
SATIEN_ DB 100 20 6.0 40 00 00 40 30 9.0 100 120 140
5:CORRELATION 0.0 00 0.0 0.0 0.0 0.0 0.0 0.0 0.0 00 0.0 00

# Profile #7

GTITLE "Hilly Temain, 12 taps, 5D = 6.7{4 us #7*

6:IQDATA_DIR "CAMCHAN, NEW*

6:CORR_MODE NONE

6:DELAY_RES HIGH

6:.CHAN_ATTEN 0.000000c+00 0.000000e+00

6:GROUP_LOSS 0.000000e3+00

&SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
GIQFILE "RAY14.1Q" "RAY14.IQ" "RAY14IQ" "RAY14.IQ" "RAY 14.1Q" "RAY14.1Q"
GIQFILE "RAYI4.1Q" ‘RAY14.1Q" "RAY141Q" "RAY14.1Q" "RAY 14.1Q" *RAY 4.1
GDELAY US 000 1.16 2.32 3.48 4.64 [1.60 13.92 15.00 16.16 19.64 27.76 44.00
&DOPPLER_HZ 0.0 0.0 0.0 00 00 0.0 00 00 00 ¢0 G0 00
GATIEN DB 100 80 6.0 40 0.0 ¢0 40 20 9.0 100 120 140
6:CORRELATION 04 00 0.0 00 00 00 0.0 0.0 00 00 0.0 00

# Prefile 48

T.TITLE "Hilly Terrain, 12 taps, SD = 7.21 us #8"

TIQDATA_DIR "CACHAN_NEW"

7:CORR_MODE NONE

T:DELAY_RES HIGH

T:CHAN_ATTEN 0.000000e+00 0.000000e+00

T.GROUP_LOSS 0.060000e+00

TSPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
TIQFILE "RAY45.1Q" "RAY45.1Q" "RAY45.1IQ" "RAY45.1Q" "RAY45.IQ" "RAY45.1Q"
TIQFILE "RAY45.IQ" "RAY45.1Q" "RAY45.1Q" "RAY4S.IQ™ "RAY45.IQ" *RAY4S.IQ"
ZDELAY US 000 1.32 2.64 3.96 5.28 13.20 [5.84 15.00 16.32 20,28 20,52 48.00
TDOPPLER_HZ 00 0.0 00 0.0 00 6.0 00 00 00 00 00 00
TATTEN DB 100 80 6.0 40 00 00 40 80 9.0 100 120 140
T:CORRELATION 0.0 0.0 00 00 00 00 00 00 00 0.0 0.0 00

# Profile #9

8:TITLE “Hilly Terrain, 2 taps, SD = 7.471 us #9°

8:IQDATA_DIR "C:\CHAN_NEW*

8:CORR_MODE NONE

§:DELAY_RES HIGH

8:CHAN_ATTEN 0.000000¢+00 0.000G00c+00

8:GROUP_LOSS ¢.000000c+00

B:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
ZIQFILE "RAYI4IQ' "RAY14.1Q" "RAYIAIQ "RAYI4IQ" "RAY14.]Q" "RAYI141Q"
ZIQFILE "RAYI4IQ" "RAYI4.1Q" "RAY14.1Q" "RAY 14.1Q "RAY14.IQ" "RAY 410"
S:DELAY US 000 1,40 2.50 420 5.60 14.00 16.80 15.00 16.40 20.60 30.40 50.00
3:DOPPLER_HZ 00 6.0 0.0 00 00 00 00 00 0.0 00 0.0 0.0
BATTEN_DB 100 8.0 60 40 0.0 00 4.0 80 9.0 100 12.0 140
8:CCRRELATION 00 0.0 00 00 00 00 00 00 00 00 00 00
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DARS0340.PRO

# Profile #}

O:TITLE “Rural Area, 12-tap setting, S0 = 0.02 us #1*
GIQDATA, DIR "CACHAN_NEW*
0;.CORR_MODE NONE

ODELAY_RES HIGH

Q:CHAN_ATTEN 0.000000¢+00 0.000000e+00

0:GROUP_LOSS 0.000000e00

0:5PECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
OIQFILE "RAYI4IQ" "RAY T4 IQ" "RAY 141G "RAY 14.1Q" "RAYI4IQ "RAY1AIQ"

CGAIQFILE "RAY14.1Q" "RAY14.IQ" "RAY141Q" "RAY14.1Q" "RAY14.IQ" "RAY14.1Q"
CDELAY_US  G.00 ¢.00 0.0f 0.01 0.02 ¢.02 0.03 0.04 0.05 0.06 0.05 0.10

Q:DOPPLER_HZ 040 40 00 00 0.0 00 00 00 0.0 00 00 30

OATTEN_ DB 44 3.0 00 20 30 50 70 50 60 9.0 11.0 100

0:CORRELATION 0.0 0.0 0.0 0.0 00 0.0 0.0 00 00 0.0 G0 00

# Profile #2

I;TITLE "Rural Area, 124tap sefting, ST = 0,04 us 42°

LIQDATA_DIR *CACHAN _NEW"

1:CORR_MODE NONE

I:'DELAY_RES HIGH

L:CHAN_ATTEN 0.000000e+00 0.000000e+00

1:GROUP_LOSS 0.00C000e+00

I:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
LIQFILE "RAYS5IQ" "RAY45.1Q" "RAY45.1Q" "RAY4S51Q" *RAY45.1Q" "RAY45.1Q"
1 IQFILE "RAY45.IQ" "RAY45.IQ" "RAY45.IQ" "RAY45.IQ" "RAY45IQ" "RAY45.1Q"
LDELAY _US  0.00 0.01 002 002 0.03 0.05 006 007 010 0.12 033 0.20
1:DOPPLER_HZ €0 0.0 0.0 0.0 00 00 00 00 00 00 00 00
LATTEN_ DB 40 3.0 00 20 3.0 50 7.0 50 6.0 %0 11.0 100
1:CORRELATION 00 00 00 00 00 00 0.0 00 00 04 00 00

# Profile #3

2:TITLE "Rural Area, 12-tap setting, SD = 0.06 us #3*

2IQDATA DIR "CACHAN_NEW-

2:.CORR_MODE NONE

2DELAY, _RES HIGH

2:CHAN_ATTEN 0.600000c+00 0.000000¢+00

2:GROUP_LOSS 0.000000¢+00

2:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
ZIQFILE "RAYI4IQ  "RAYI4IQ" "RAY141Q" "RAYI4IQ™ "RAY14.1Q" "RAY14.1Q°
ZIQFILE "RAY14.1Q" "RAYI.IQ" "RAY14.IQ" "RAYT4.IQ™ "RAY 14.IQ" "RAY 14.1Q"
2:DELAY_US 0.00 0.01 0.02 0.04 0.05 0.07 0.08 0.11 0.14 0.18 0.1% 0.30
2:DOPPLER_HZ 0.0 00 00 0.0 00 00 00 0.0 00 00 00 0.0
ZATTEN_DB 4.0 30 00 20 30 50 70 50 60 90110 100
2:CORRELATION 0.0 0.0 00 00 00 00 00 04 00 06 0.0 00

# Profile #4

3:TiTLE "Rural Arca, 12-12p sclting, SD = 0.08 us #4"

3:IQDATA_DIR "CACHAN_NEW*

3:CORR_MODE NONE

IDELAY_RES HIGH

3:CHAN_ATTEN 0.000000e+00 0,000000c+00

3:GROUP_LOSS 0.000000c+00

RSPECTRIAM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

3:QFILE "RAY45.IQ" "RAY45.IQ" "RAY45.IQ" "RAY45.IQ" "RAY45.1Q" "RAY45.IQ"
3:IQFILE "RAY45,1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.IQ" "RAY45.1Q" "RAY45.1Q"
3:DELAY_US 000 002 0.03 0.05 0.06 0.10 0.11 0.14 {.19 0.24 0.26 0.40
3:DOPPLER_HZ 00 00 00 00 04 00 0.0 00 00 00 04 0.0
LATTEN. DB 40 30 00 20 30 50 2.0 50 60 9.0 11.0 100
J:CORRELATION €0 0.0 00 00 0.0 00 00 00 00 00 0.0 00

# Profile #5

A:TITLE "Rural Arca, 12-tap selling, SD =0.1 us #5°

4IQDATA_DIR "CACHAN_NEW"

4.CORR_MODE NONE

4DELAY_RES HIGH

4:CHAN_ATTEN 0.00000Ge+00.0.000000:2+00

4,GRQUP_LOSS 0.000000c+00

4:SPECTRLM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
4IQFILE "RAY14.1Q" "RAY14.1Q" "RAY14.IQ" "RAY14.1Q" "RAYI4IQ" "RAYI4IQ"
4:IQFILE "RAYI4.1Q" "RAY14.1Q" "RAY14.1Q" "RAY14.1Q" "RAYI4IQ" "RAYI4.IQ"
4DELAY US 000 002 0.04 0.06 0.8 0.12 (.14 018 0.24 0.30 0.32 0.50
4DOPPLER_HZ 0.0 00 0.0 00 00 00 00 00 00 00 00 00
4ATIEN DB 4.0 30 0.0 20 30 50 70 50 60 9.0 110 100
4:CORRELATION 00 ¢0 00 00 00 00 00 0.0 00 00 00 0.0

e
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# Profile #6

S:TITLE "Rural Area, 12-tap setting, SD = 0.12 us 46"

5:IQDATA_DIR *CACHAN _NEW"

5:CORR_MOCDE NONE

5DELAY_RES HIGH

5:CHAN_ATTEN 0.000000c+00 0.000000e+00

5:GROUFP_LOSS 0.000000:+00

SIBPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
SIQFILE "RAY45.1Q™ "RAYA45.IQ" "RAY45IQ" "RAY4S.IQ" “RAY45.1Q" "RAYA5,1Q*
SIQFILE "RAY45.IQ" "RAY45.1Q" "RAY4S5 IQ" "RAY45.1Q" "RAY45.1Q" "RAY4S5.1Q"
5:DELAY_US  0.00 0.02 0.05 0.07 0.10 0.14 0,17 0.22 0.29 0.36 0.33 0.60
S5DOPPLER_HZ 00 00 0400 0.0 00 00 0.0 £0 00 00 0.0
SATIEN DB 40 3.0 00 20 3.0 50 7.0 50 60 90 11.0 100
5:CORRELATION ¢.0 0.0 0.0 00 00 00 00 €0 0.0 00 0.0 Q.0

# Profile #7

& TITLE "Rural Ares, 12-1ap setling, SD = Q.14 us #7°

6:IQDATA_DIR "CACHAN_NEW"

6:CORR_MODE NONE

6DELAY_RES HIGH

6:CHAN_ATTEN 0.000000e+0Q 0.600000e+00

6:GROUP_LOSS 0.000000e+00

6:8PECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

&IQFILE "RAYIIQ" "RAYI4.IQ" ‘RAY14.IQ" "RAYI4.IQ" *RAY14.1Q" "RAY14,1Q"
GIQFILE "RAY14.1Q" "RAY14.IQ" "RAYI4.IQ" "RAY14.1Q" *RAY14.IQ" "RAY14.1Q"
G:DELAY US  0.00 0.03 0.06 0.08 0.1F 0.17 020 0.25 0.34 0.42 0.45 0.70
G:DOPPLER_HZ 0.0 0. 00 0.0 00 00 0.0 00 ¢.0 00 0.0 0.0
GATIEN DB 40 3.0 00 20 3.0 50 7.0 50 60 9.0 11.0 10,0
6:CORRELATION 0.0 0.0 0.0 00 0.0 0.0 00 €0 0.0 0.0 00 GO

# Profile #8

TTITLE "Raral Area, 12-tap setting, SD = 0.16 us #3"

TIQDATA_ DR "CACHAN NEW"

T:CCRR_MODE NONE

TDELAY _RES HIGH

T:CHAN_ATTEN 0.000000e+00 0.000000e+00

7:GROUP_LOSS 0.000000+00

T:SPECTRLIM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
TIQFILE "RAY45.IQ" "RAY45.1Q" "RAY45.1Q" "RAY45.IQ" "RAY45.1Q" "RAY45,1Q"
TIQFILE "RAY45.IQ" "RAY45.IQ™ "RAY4S5.IQ" "RAY45.1Q" "RAY45.1Q" "RAY45.IQ"
T:DELAY_US  0.00 0.03 0.06 0.10 0.13 0.19 0.22 0.29 0.38 043 0.5 0.50
FDCPPLER _HZ 00 00 00 40 00 00 00 0.0 00 0.0 00 Q.0
TATIEN_DB 4.0 3.0 00 20 30 50 7.0 50 60 9.0 110 100
T:CORRELATION ¢.0 0.0 0.0 06 0.0 0.0 00 00 00 G0 00 00

# Profile 9

#:TITLE "Rural Area, 12-tap setting, 5D = 0,18 us #9~
SIQDATA _DIR "CACHAN_NEW*
8:CCRR_MODE NONE

8:DELAY_RES HIGH

$:CHAN_ATTEN 0.000000¢+00 0.000000c+00

F:GROUP_LOSS 0.000000¢+H0
$:BPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

S:IQFILE "RAYI4.ICQ" "RAY141Q" "RAYI41Q  "RAYI4IQ "RAYI41Q" "RAY 41"
BIQFILE "RAY141Q" "RAYI4IQ" ‘RAYI4.1Q "RAY14IQ" "RAYI14.1Q" "RAY14.IQ"
SDELAY US 000 0.04 0.07 0.11 Q.14 022 .25 032 0.43 0.54 0.58 0.90
#:DOFPLER HZ 0.0 00 00 90 00 00 40 0.0 00 00 00 G0
S:ATTEN DB 4.0 3.0 00 20 3.0 50 7.0 50 60 9.0 1.0 100
8:CORRELATION 00 0.0 0.0 00 0.0 0.0 0.0 00 0.0 0.0 00 0.0

# Profile #10

9:TITLE "Rural Area, 12-tap setting. SD = 0.2 us #10”
S IQDATA_DIR "CACHAN_NEW"
$:CORR_MODE NONE

9:.DELAY_RES HIGH

9:CHAN_ATTEN 0.0000G0:+00 0.000000¢+00

9:GROUP_LOSS 0.000000e+00
9:3PECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

S:AQFILE "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY45TQ" "RAY4S.1Q™ "RAY4S.IQ"

SIQFILE "RAY45.IQ" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q" "RAY45.1Q™ "RAY4S.1Q"

SDELAY_US  0.00 0.04 0.08 .12 0.16 0.24 0.23 0.36 048 3.60 0.64 1.00 )
9:DOPPLER_HZ 0.0 0.0 00 00 00 0.0 00 00 00 00 0.0 0.0

SATIEN DB 40 3.0 0.0 20 30 50 70 50 60 90 11.0 100

9:CORRELATION 00 0.0 00 0.0 00 00 00 0.0 00 00 09 00
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DAR90350.PRO

¥ Profile #1

O:TITLE "Typical Urban, 12-ap selting, 8D = 0.2 us #1”

GIQDATA DR "Cichan new”

0:CORR_MODE NONE

O:DELAY RES HIGH

0:CHAN_ATTEN 0.000000e+00 0.000000:+00

0:GROUP_LOSS §.000000e+00

O0:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
OIQFILE "RAY1.IQ" "RAY1LIQ" "RAYLIQ" "RAY1LIQ" "RAYL.IQ" "RAY1.IQ"
QIQFILE "RAYLIQ™ "RAYLIQ "RAYLIQ® "RAYLIQ  "RAYLIQ" "RAYLIQ"
0:DELAY US  0.00 0.04 0.08 0.12 0.16 0.24 0.28 036 0.48 0.60 0.64 £.00
0:DOPPLER_HZ 0.0 00 0.0 0.0 00 00 00 00 00 00 00 00
D:ATIEN DB 4.0 3.0 0.0 20 3.0 50 7.0 50 60 9.0 11.0 100
O:CORRELATION 00 G0 60 ¢0 00 00 00 00 00 00 00 0.0

3 Prefile #2

I:TITLE "Typicat Urban, 12-1ap setting, SD = 0.4 us #2°

LIQDATA_DIR "Ci\chan_new”

1:CORR_MODE NONE

['DELAY_RES HIGH

LCHAN_ATTEN 0.000000e+00 0.000000e+00

1:GROUP_LOSS 0.000000e+00

1:3PECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
L:IQFILE *RAY3.1Q" "RAY3.IQ" "RAY3.IQ" "RAY3.IQ" "RAY3.IQ" "RAY3.IQ"
LIQFILE *‘RAY3.IQ" "RAY3.1Q" "RAY3.1Q" "RAY3IQ" "RAY3IQ" "RAY3.IQ
L:DELAY US 000 0.08 0.t6 024 032 048 0.56 0.72 096 1.20 1.28 2.00
1:DOPPLER_HZ 0.0 0.0 0.0 0.0 0.0 00 0.0 00 0.0 0.0 00 0.0
I:ATTEN DB 4.0 3.0 0.0 20 3.0 50 70 50 60 9.0 11.0 100
L:CORRELATION (.0 0 00 0.0 0.0 00 00 00 04 00 00 00

# Profile #3

2TITLE "Typical Urban, 12-tap setting, 5D = 0.6 us #3”

27TQDATA_DIR *C:\chan_new"

2:.CORR_MODE NONE

2DELAY_RES HIGH

2:CHAN_ATTEN 0.000000¢+00 0.000000e+00

2:GROUP_LOSS 0.000000+00

ZSPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
2IGFILE "RAYLIQ" *RAYLIQ "RAYLIQ  "RAYLIQ" "RAYLIQ "RAYLIQ"
2IQFILE "RAYLIQ" "RAYLIQ" "RAYLIQ" "RAYLIQ  "RAYLIQ" "RAYLIQ
2:DELAY_US  0.00 0.32 .24 0,36 048 0.72 0.84 1.08 1.44 1.80 1.92 3.00
ZDOPPLER_HZ 0.0 0.0 00 ©0 00 0.0 00 0.0 0.0 0.0 00 00
2ATTEN DB 4.0 3.0 0.0 20 3.0 50 70 50 60 %0 11.0 100
2:CORRELATION 00 00 00 00 00 00 00 00 00 00 00 0.0

# Profile #4
3:TITLE "Typical Urban, 12-tap setting. 5D = 0.3 us #4

3:IQDATA_DIR *C:vhan_new™

3:CORR_MODE NONE

3:DELAY_RES HIGH

3:CHAN_ATTEN 0.000000¢+00 0.000000c+00

FGROUP_LOSS 0.000000+00

3:SPECTRUM RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
3:IQFILE "RAY3IQ  "RAY3IQ "RAY3IQ" "RAY3.IQ" "RAYLIQ" "RAY3.IQ"

3:IQFILE "RAY3.IQ" "RAY3.IQ "RAY3.IQ" "RAYIIQ" "RAY3IQ" "RAY3.IQ"

3DELAY US  0.00 0.16 0.32 048 0,64 (.96 1.12 144 1.92 2.40 256 4.00 .
3DOPPLER_HZ 0.0 00 00 00 00 0.0 0.0 00 00 00 00 00

J:ATIEN.DB 40 3.0 Q0 20 3.0 50 7.0 50 6.0 90 1.0 100

3:CORRELATION 0.0 0.0 00 00 00 00 0.0 0.0 04 0.0 0.0 {0

# Profile #5

4:TITLE “Typical Urban, 12-tap sctting, 53 =1 us #5°
4IQDATA_DIR "C:\chan_new”

4:CORR_MODE NONE

4:DELAY_RES HIGH

4:CHAN_ATTEN 0.000000¢+00 0,000000c+00

4:GROUP_LOSS 0.00000Ce+G0
4:8PECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

4IQFILE *RAYLIQ" "RAYLIQ "RAYLIQ "RAYLIQ" 'RAYLIQ* "RAYLIQ"
4IQFILE *RAYLIQ" "RAYLIQ "RAYLIQ" "RAYLIQ" "RAYLIQ "RAYLIQ"
4DELAY US 000 0.20 0.40 0.60 0.30 1.20 .40 1.80 2,40 3.00 3.20 5.00
4DOPPLER HZ 0.0 00 00 00 00 00 00 00 00 00 00 00
4ATTEN DB 4.0 30 00 20 3.0 50 70 50 60 90 1L0 100
4:CORRELATION 0¢ 0.0 0.0 00 00 00 G0 08 00 0.0 00 &0
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H Profile #8

S:TITLE "Typical Urban, 12-tap setting, 8D = 1.2 us #6"

SIQDATA_DIR "Cikhan_new"

5:CORR_MODE NONE

S:DELAY_RES HIGH

S5:CHAN_ATTEN 0.000000e+00 0.0000006-+00

5:GROUP_LOSS 0.000000¢+00

5:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
SIQFILE "RAY3IQ" "RAY3.IQ" "RAY3I.IQ" "RAYIIQ "RAYIIQ "RAY3.IQ"
SAQFILE "RAYIIQ" "RAY3IQ "RAY3IQ 'RAYIIQ "RAY3.IQ "RAY3.IQ"
SDELAY_US  0.00 0.24 0.48 0.72 0.96 1.44 1.68 2.16 2.88 3.60 3.84 6.00
5:DOPPLER HZ 0.0 00 00 00 0.0 04 0.0 00 00 00 00 00
SATTEN DB 40 30 0.0 20 3.0 50 7.0 50 60 9.0 1.0 100
5:CORRELATION 0.0 00 00 0.0 00 0.0 0.0 00 00 00 0.0 00

# Profile #7

6. TITLE *Typical Urban, 12-1ap setling, SD = 1.4 us #7°
6IQDATA_DIR "Cichan,_new”

4:CORR_MODE NONE

6:DELAY _RES HIGH

6:CHAN_ATTEN 0.000000e+00 0.000000e+00

G:GROUP_LOSS 0.0000006+00
6:3PECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

&IQFILE "RAYLIQ" "RAYLIQ" "RAYLIQ" "RAYLEQ* "RAYLIQ" "RAYLIQ"
6IQFILE "RAYLIQ""RAY1IQ  "RAYLIQ" "RAYLIQ "RAYL.1Q" "RAYLIQ"
6DELAY US  0.00 0.28 0.56 0.84 1.12 }1.68 1.96 2,52 3.36 4.20 4.48 7.00
GDOFPLER HZ 0.0 ¢.0 0.0 00 0.0 0.0 0.0 00 0.0 00 0.0 00
GATTEN DB 40 3.0 00 20 3.0 50 7.0 50 6.0 90 {10 10.0
6.CORRELATION 0.0 00 00 0.0 08 0.0 0.0 0.0 00 06 00 0.0

# Profile #3

7:TITLE "Typical Urban, 124ap setting. SD = 1.6 us #8"
TIQDATA_DIR *Cichan_new”

T:CORR_MODE NONE

TDELAY_RES HIGH

T:.CHAN_ATTEN 0.500000e+00 0.000000e+00

7:GROUP_LOSS 0.000000:+00
T:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

7:IQFILE "RAY3,IQ""RAY3.]JQ" "RAY3.IQ" "RAY3.IQ" "RAY3.IQ  "RAY3IQ"
TIQFILE "RAY3.1Q" "RAY3.IQ "RAY3IQ" "RAY3.IQ" "RAY3.IQ" "RAY3IQ"
7DELAY US 000 0.32 0.64 0.96 1.28 1.92 224 2.82 234 4.80 5.12 §.00
7DOPPLER_HZ 00 0.0 06 0.0 00 0.0 0.0 0.0 0.0 00 ¢0 0.0
TATTEN DB 40 30 00 20 30 50 70 50 60 90 110 100
7.CORRELATION 0.0 0.0 0.0 00 0.0 04 00 00 00 ¢0 08 00

# Profile H9

8. TITLE *Typical Urban, 12-tap setting. SD = 1.3 us #9~

BIQDATA_DIR "Cichan_new®

8.CORR_MODE NONE

$:DELAY_RES HIGH

8:CHAN_ATTEN 0.000000¢+00 0.000000c+00

8:GROUP_LOSS 0.000000c+00

8:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY
BIQFILE "RAYLIQ "RAYLIQ" "RAYLIQ" "RAYLIQ "RAYLIQ "RAYLIQ"
$:IQFILE "RAYLIQ" "RAYLIQ  "RAYLIQ" "RAYL.IQ" "RAYLIQ* "RAYLIQ"
SDELAY_US  0.00 0.36 0.72 1.08 [.44 2.16 2.52 3.24 4.32 540 5.76 9.00
8:DOPPLER HZ 00 0.0 00 00 00 00 00 00 0.0 00 00 0.0
BATTEN_DB 40 3.0 00 20 3.0 50 7.0 50 60 90 11.0 100
S:CORRELATION 00 ¢0 0.0 00 40 00 0.0 0.0 00 00 00 00

H: Profile #10

9:TITLE "Typical Urban, 12-tap sctting, SD= 2 us #10"

9IQDATA_DIR "Cichan_new”

9:CORR_MODE NONE

9:DELAY _RES HIGH

9:CHAN_ATTEN 0.000000c+00 0.000000:+00

S.GROUP_LOSS 0.000000c+00 )

9:SPECTRUM  RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY RAY

QIQFILE "RAY3.IQ  "RAYIIQ "RAY3.1Q" "RAY3.IQ" "RAY3.IQ" "RAYIIQ”

SIQFILE "RAYIIQ "RAYIIQ "RAY3IQ "RAY3IQ "RAY3IQ" "RAYIIQ" .
SDELAY U5 000 0.40 0.30 120 1.60 2.40 2.80 3.60 4.30 6.00 6.4010.00

9:DOPPLER_HZ 0.0 0.0 0.0 ¢0 0.0 00 00 0.0 00 00 00 00

SATTEN_DB 4.0 3.0 0.0 20 3.0 50 7.0 5.0 60 9.0 1.0 100

9:CORRELATION 0.0 0.0 0.0 00 00 00 00 04 00 0D 00 0.0
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