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NRSC-R50

FOREWORD

NRSC-R50, Digital Audio Radio — IBOC Laboratory Tests — Transmission Quality Failure Characterization
and Analog Compatibility of IBOC Systems, presents the results of digital radio system tests conducted
jointly by the Electronics Industries Association (EIA, precursor to CEA) Subcommittee on Digital Audio
Radio (DAR) and the NRSC Digital Audio Broadcasting (DAB) Subcommittee (now the DRB
Subcommittee).

Seven different digital radio systems were involved in the joint EIA/NRSC test program—three FM in-
band/on-channel (IBOC) systems, one FM in-band/adjacent channel (IBAC) system, one AM IBOC
system, the Eureka-147 DAB system (operating at L-band), and a satellite system (operating at S-band).
The FM and AM band systems were the only ones considered by the NRSC and consequently the L-band
and S-band test results are not included in NRSC-R50. The NRSC chairman at the time of the
submission of NRSC-R-50 was Charles Morgan.

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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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, onc that can be superimposed on the existing VHF
FM system. Two groups of US companies are developing
systems to 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.e., CD) -quality audio in compressed digital form, is
a subject of considerable interest throughout the world.
Idcally this quality should be achieved with the small
antennas that arc suitable for stylish installation on
automobiles, and it should be maintained in all commonly-
encountered multipath fading environmeats

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
Amali in response to 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 Committee in order to monitor the tests of the
IBOC 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
widcly believed that the ideal frequency band for any DAR
system is Band II (the present FM band), so we have
suggested to the intermational community (3] that it should
explore ways in which the two extremes of a widcband,
singlc-frequency system (i.e., Eurcka 147) and a narrow-
band, singlc-transmitter 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 multicarrier as the
modulation method, and describes the overall system in
some detail. Section 3 describes the use of an auxiliary
overbead channel (AOC) 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 permitied 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 receiver
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 not interfere in any way with its
host FM, and, similarly, should not be affected by it.

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

2 "In-Band" may be confusing because the obvious question
is "In what band?" The meaning bere is that in the USA: the
FM band of 88 10 110 Ml{z,
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uar . suelerence, and (b) the less common first-adjacent
chanr-  mteference.
4. Ti:: 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 (BOCQ),
and a broadcaster would not need a new license--a very
important consideration. If the first- or second-adjacent
channels are vacant, then it is technically feasible to 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 scen that the maximum total bandwidth
available to the DAR signal in this double-sidelobe mode is
2(f 1 - f 2 ). which is about 140 kHz. If therc is a potentially
interfering first-adjacent channel (requirement 3()), as
shown in Figure 1(b), the bandwidth of the single usable
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 does pot
significantly increase the bandwidth of the FM, but the
more 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 center, 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 bave 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 1o be carried, much more efficiendy,
by the auxiliary data channel.

. The audio compression and encoding problem, therefore, is
to achicve CD-quality with a data rate that can be reliably
transmitted in 140 kHz, and near-CD-quality in 80 kHz; the
proposed solution to this problem using a Perceptual Audio
Coder (PAC) is described in a companion paper [3]. The
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data rates chosen were 160 and 128 kbit/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 to 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 system.

The opposite problem of small delay spreads, which cause
*wideband" fades, is barder to solve. The best technical
solution--space diversity through the use of two antennas--
has been judged impractical by automobile manufacturers.
The next best solution, which is implemented in the Eureka
system, is to 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 frequcncy
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-carricr 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 a vehicle will travel through onc wavelength
of an FM carrier in approximatcly 200 ms.



The Amati Discrete Multitone (DMT) Solution

The Transmiuer i

The audio data signals of 160 {128)3 kbit/s are augmented
with a (32,20) {(24,16)} Reed-Solomon FEC code to
generate aggregate data rates of 256 (192} kbius
respectively. An auxiliary data channel can be provided,
but the metbod of multiplexing it has not been decided. The
output rate of a PAC encoder depends on the source
material, and an "opportunistic” data channel (i.e., available
only when the material is predictable and therefore easily
encoded) with an average data rate of about 15 kbit/s can
be madc available with no degradation of audio quality or
increase of transmitted data rate or bandwidth. Such an
auxiliary channel would have 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
combination of sub-carriers needed for the three IBOC and
two IBAC modcs. The symbol duration is 250 us, and the
cyclic prefix is 14.5 ps: more than enough to cover all
dclay sprcads cncountered in 2 single-transmitter system.
32 {18} sub-camriers are used in the double {single)
-sidclobe mode using a mixture of differential 4-phase and
8-phase.

The spectrum 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 (o prevent such a signal from
interfering with its bost FM, it would have to be strongly
filtered. A betier method of bandlimiting the signal is to
shape the envelope of the cyclic prefix; with a raised-
cosine sbaping 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 wrellis 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 obtained from the two codes are subjects that
arc not adequatcly understood; small improvements are still
being made

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

The Receiver
The present system uscs diffcrential demodulation, but

4 The numbers in braces are those for the single-sidclobe
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 learning 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 less 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
confidcnce 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 unable 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 cboose one of
only four options (one double-sidelobe mode, two single-
sidelobe modes, and, perbaps eventally, one pure IB DAR
mode) depending on the potential 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-carmriers without
significantly reducing their synchronization capability.
With this rate for the AOC a receiver could configure itself
to maich the broadcast signal within a few milliseconds.

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-tunable single-channel
signals and wide-band multi-channel signals--both types
with or without associatcd FM.

The present system was developed to be used with a single
transmitter; the symbol and guard periods are not long
enough to deal with the larger delay spreads encountered in
a multi-transmitter system>, Amati 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 periods (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 to 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 otber.

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 to 6 error bytes in a
block, was never exercised to its limit
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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 Stereo at 128-192 kbps

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



Compurison of 5-channel audio codecs at 320 kbps
Number of Signals (out of 10) that arc transparently coded*

Testing Laboratory
Dcutsche Teickom  BBC
Philips (MPEG-Layer 2) | 0
Dolby (AC3) 2 1
AT&T (MPAC) 6 5

*Average quality loss of less than 0.5 on a 5-point scale
Bascd on the opinious of 45 expert listeners

Excerpicd from MPEG diita NSJ 3.28.94

DAR Systems Using PAC

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

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

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

+ AT&T-AMATI (In-Band On-Channel System)
+ VOA/NASA/JPL (Satellite System)

« CD-Radio (Satellite System)



Audio Broadcasting in the FM-Band
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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
Proprietary 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 6f 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 after 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 (AOC) of transmission mode
Total transmission rates of 216 and 264 kbps in the two modes

DSP algorithms for multicarrier modulation



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

WPRB-FM, Princeton 103.3 (Jan-Feb 1994)
"IBAC and IBOC 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:; -55dB



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

Digital

Audio

ualit
Q Y Analog FM

Channel Quality

MHEPBGEEYD1



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 (Layer 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 an 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



ior 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 MPEG2 process).

Section 1 describes the sterco PAC algorithm. Section 2 summarizes 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 pionecred at AT&T Bell Laboratories [5]. The perceptual
audio coczr is a psychoacoustically driven system based on empirical, but well-calibrated
rules for utilizing the phenomenon of noise-masking. The principle of simultaneous or
frequency-domain masking defines a just-noticeable-distortion (JND) 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 vicinity, 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 time-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 inter-
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 transform). 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 algorithm 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 noise-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 /n-Band systems that
are matched to the basic 200 kHz subdivision in terrestrial FM broadcasting. The In-Band
systems are classified into the categories of On-Channel (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 broa@casting uses PAC at two alternative bit rates:
160 kbps for the double-sidelobe operation (as 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 128 kbps.

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

256 kbps for the stereo pair.



The USA-DAR contest is being administered jointly by the Electronics Industrics As-
sociation (EIA) and the National Radio Systems Committee (NRSC). Laboratory tests
at the NASA-Lewis Rescarch Center, with subjective tests at the CRC (Communications
Rescarch Centre, Canada) arc expected to last through the end of 1994, Ficld testing of
candidate DAR systemns 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 capaci'ty for transmission error protection, and it permits the use of a significant
portion of the capacity for the transmission of additional data services.

In the ATS:T-IBAC and AT&T-IBRC systems, the 200 kHz channel carries 360 kbps,
permitting a +=:v powerful rate-1/2 code for protecting tﬁe PAC bit stream. The DAR
system actually has three level: =f error-protection: an initial protection of a few very
critical bits in the initial PAC bit stream, tie rate-1/2 protection of the final PAC bit
-*ream, and a proprietary error-concealment procedure at the receiver. The concealment
..orithin addresses occasional block-error failures (audio mutes) which are caused when
the transmission channel is poor enough to defeat the combined capability of the error
protection-interleaving-channel equalization 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 3-channel MPAC coder at 320 kbps is 2 natural extension of the 2-channel 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
thresholds 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 stereo (L, R).

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

for MPEG-2 testing in 1993 has been implemented ou a single microprocessor.
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“hie USA-DAR contest is being administered jointly by the Electionics fndustries As-
sociation (EJA) and the National Radio Systems Committee (NRSC). Laboratory tests
at the NASA-Lewis Research Center, with subjective tests at the CRC (Communications
Research Centre, Canada) are expected 1o last through the end of 1994, Field 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 etror protection, and it permits the use of a significant
portion of the capacity for the transmission of additional data services.

In the ATST-IBAC and AT&T-IBRC systems, the 200 kHz channel carries 360 kbps,
permitting a « -= powerful rate-1/2 code for protecting the PAC bit stream. The DAR
system actually hias three levels «f error-protection: an initial protection of a few very
critical bits in the initial PAC bit siream, the rate-1/2 protection of the final PAC bit
“ream, and a proprietary errot-concealment procedure at the receiver. The concealment
. sorithin addresses occasional block-error failures (audio mutes) which are caused when
the transmission chaunel is poor enough to defeat the combined capability of the error
protection-interleaving-channel equalization systein.

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.channel 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
thresholds 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 stereo (L, R).

The MPAC decoder is designed for simple implementation, and the S-chaunel decoder

for MPEG-2 testing in 1993 has been implemented on a single microprocessor.

-

—iF

Table 1 is an excerpt from the subjective tests conducted by Deutsclie Telekomn and
the BBC in support of an initial phase of the MPEG-NBC process. The purpose of this
test was to demonstrate the need for an NBC part of the MPEG-2 process. The results
of Table 1 indewd demonstrated such 3 need, aud this has led to the decision to hegin a
formal contest for an NBC standard for multichannel 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 to be

« more robust across different stimulii. Recent modifications of the MPAC algorithm 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 algorithims degrade extremnely gracefully 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 AM-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
MPAC codec.
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for a new MPEG-2 standard. This paper is a status report ou the stereo PAC coder (as
applied to the DAB standard process in the United States), and the MPAC coder (as used
in the ongoing MPEG? process).

Section 1 describes the sterco PAC algorithm. Section 2 summarizes its rate in the
DAB process. Section 3 reviews the still-evolving MPAC algorithm. Section 4 comments
on future work on PAC, MPAC and their extensions.

1 The Stereo PAC Algorithm

The PAC algorithm [3,4] is based on trausform ceding of audio signals using perceptual noise
criteria. a technique that was pioncered at ATET Bell Laboratories [5]. The perceptual
audio codsr is a psychoacoustically driven system based on empirical, but well-calibrated
rules for utilizing the phenomenon of noise-mmasking. The principle of simultaneous or
[requency-domain masking defines a just-noticeable-distortion (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 vicinity, even

when the difference between the levels of the two signals is not substantial. The principle of

non- i It L) or ‘- L d:

masking (Figure 2a) utilizes the masking of the weaker
signal in the time-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 niodel in the PAC algorithm is currently based on an input-dependent inter-
polation between well-known models for noise-masking-tone and lone-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 nientioned, block switchiug 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 channecls (L and R) and for composite coding that uses the

sum winl difference signals (L+R and L=R) as coder inputs. Thic decision of sterco-coding
mode is flexible, time- and frcqucncy-dcpcndcnt. and based on psychoacoustic peinciples
that avoid psycho:\r.uuslic artifacts such as noise-unmasking.

The PAC algorithm finally includes an adaptive enttopy coder that further reduces the
rotal bit rate. Entropy coding and psychoacoustic quantizatioun are jointly perforned in an
iterative operation. A

A block diagram of the sterco PAC coder appears in Figure 3. Although the stcnio
encoder is fairly sophisticated, its design is guided by the necd for robust implemnentation 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 prot;ess 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 ol In-Band systems that
are matched to the basic 200 kHz subdivision in terresteial FM broadeasting. The In-Band
systems are classified into the categories of On-Channel (IBOC), Adjacent Channel (IBAC)
and Reserved-Channel (IBRC). Figure 4 provides simplified descriptions of ln-Bant‘l DAR
and FM spectra, and Figure 5 provides an illustration of how the In-Band technologies may
evolve in a system where the space-{requency planis 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 atate ‘of 16'0 kbps,
while the AT&T-Amati system for IBOC broadcasting uses PAC at two alternative bit rates:

160 kbps for the double-sidelobe operation (as in Figure 4), and 128 kbps for single-&delob;
i ica - -JP
operation. The satellite system being developed by the Voice of America NA.SA
consortium uses PAC at 160 kbps. Outside of the contest, an experiment satellite system
i 123 kbps.

developed by CD-Radio uses PAC at

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

236 kbps for the stereo pair,
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332 South Michigan Avente
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Chicago., {llinois 60604

Phoxe. 312 . 967 . 4454
Fax. 312 . 427 . 9851 DIG'TAL
1-800-33-USADR .

A.l. VIGIL, PW.D
R

Engineering ManaGer

July 12, 1995

Dave Wilson

Staff Engineer

Science and Technology Department
National Association of Broadcasters
1771 N Street NW

Washington, DC 20036

Dear Mr. Wilson,

In response to your recent request for system descriptions for the three USADR IBOC-DAB systems
undergoing testing by the EIA, thank you for this opportunity to showcase what USA Digital Radio
believes to be the technology of choice for the implementation of DAB in the U.S. as well as
worldwide. Please find, enclosed, copies of the most recent versions of the three system descriptions
requested. Copies of these documents have also been forwarded to Ralph Justus of the EIA.

Please keep in mind that this material is copyrighted. You are entitled to reprint this information, as
necessary for distribution in support of documentation related to the forthcoming NRSC mobile field

testing, with the following credit line:

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

Please let me know if may assist in any other matter.

Sincerel /
/I
\ 2

AlJ. Vigil
Engineering Manager
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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 Radio 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 diagram shows both
the analog signal path, above, and the digital signal path, below.

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



2.0 SYSTEM DESCRIPTION

5.1 AUDIO SOURCE ENCODING AND ANCILLARY DATA CHANNEL

Key to the realization of IBOC DAB in limited AM band allocations is a 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 illustrated 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

(c) Copyright 1990-1995 USA 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.

24  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 DARB 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 Band In-Band, On-Channel System (FM-1)



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 systems 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 USA 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 tun based on the ISO/MPEG Audio Layer II (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 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.

22 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-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 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-1 IBOC-DAB system
yields audio which degrades gradually in the presence of severe channel impairments. The result,
shown in Fig. 3, 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 hstener 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.
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23 MODULATION

The modulation used in the USADR FM-1 IBOC DAB was expressly designed with mulitipath 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 49th
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.
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When compared to conventional code division multiple access (CDMA) DS-SS techniques, the
USADR FM-1 IBOC DARB 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 subchannel 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 subchannel 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,
subchanne! 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.
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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 BOC-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.
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Fig. 1. USADR FM-1 IBOC DAB System Block Diagram.
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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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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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a) FM Spectrum
Fig. 4. USADR FM-1 IBOC DAB Modulation Waveform. L'Sa
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b) DAB Subchannel Spectra

Fig. 4. USADR FM-1 IBOC DAB Modulation Waveform. Lsa
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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-1 IBOC DAB Modulation Waveform. Llsa
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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. 'Jsa
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b) Clear Propagation Channel, Wideband Data Subchannel
Fig. 5. Demodulation of Narrow and Wideband Data Subchannels
in Clear and Multipath Propagation Channels. LBa
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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. Llsa
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d) Multipath Propagation Channel, Wideband Data Subchannel

Fig. 5. Demodulation of Narrow and Wideband Data Subchannels
in Clear and Multipath Propagation Channels. Llsa
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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 multiple 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 USA 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_above, 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 tum based on the ISO/MPEG Audio Layer II (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 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-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.

22 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.
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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 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 MUSICAM® frame
1s 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.

(c) Copyright 1990-1995 USA Digital Radio. All Rights Reserved. 3
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2.3 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 a frequency slide technique
where the center fre;uency 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 spite 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 discemible frequency separation
between the resulting analog and digital signal spectra.

Multipath 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 ISI 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 a 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

DAB 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) Copyright 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. Asa 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 USA Digital Radio. All Rights Reserved. 5
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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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Fig. 1. USADR FM-2 IBOC DAB System Block Diagram.
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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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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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Fig. 3. Coniparison of Audio Failure Modes.
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b) FM, Instantaneous Frequency Representation

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

Fig. 4. USADR FM-2 IBOC DAB Modulation Waveform. lm
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d) DAB, Instantaneous Frequency Representation

Fig. 4. USADR FM-2 IBOC DAB Modulation Waveform. usa
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¢) FM + DAB, Instantaneous Frequency Representation

Fig. 4. USADR FM-2 IBOC DAB Modulation Waveform. tm
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f) FM + DAB, Spectral Representation

Fig. 4. USADR FM-2 IBOC DAB Modulation Waveform. lm
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The Laboratory RF Transmission Tests
DESCRIPTION

Calibration

1. Daily Check System Power

2. Daily System Spectrum Plot

3. Daily POF

4. Daily audio recording

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
1. Noise

2. Co-Channel

3. Multipath and Noise

3a. AM -> DAR first

DAR Performance with Impairment

1. Impulse Noise

2. CwW

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 -> Analog 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

Reacquisition (Hysteresis)
1. FPailure 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

EVALUATION

Subjective -~ Lab EO&C

" 1"

" "

Lab EO&C
Lab EO&C
Objective

Subjective (analog)

Objective
Subjective (analog)
EO&C in Lab

EO&C in Lab

EO&C in Lab

Subjective

EO&C

EO&C

Subjective -~ Lab EO&C

Objective

Subjective - Lab EO&C

Lab EO&C

Lab EO&C
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UNIFIED DAR LABORATORY TESTS '

Test Group | Test ck TEST PROCEDURE Type of | Siglev | NB | IBAC | AM FM DBS | Test Results Data to
Impairment Note:  The audio impairment test material will be used for the POF test. Eval dBf IBOC | IBOC be Recorded
A 1 Power 1. The average and peak power will be recorded for each system at the proponent test bed Objective | NA X X X X X Power level
input.
Calibration | (Daily) 2. IBOC analog and digital power will be read separately. (For systems where the digital signal '
cannot be transmitted separately, a spectrum anabyzer will be used for 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 systern USASI noise will be used for the analog audio input.
2 Spectrum 1. Daily, a photo or X-Y 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 1 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 settings for the FM band. .
4. For IBOC systems any variations from FCC 73.317 for FM and 73.44 for AM will be noted.
3 POF Gaussian noise will be added to the signal in 0.25 dB steps until POF occurs. (For accurate EO&C M X X X X X POF level
(Daily) perfornance monitoring, TOA and C-4 weak signal tests were added, )
4 Audio L. A daily audio recording will be made of all 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. recording for the
(Daily) record in lab log
5 Proof During the analog compatibility tests, an automated proof of performance will be conducted Objective | Varying | NA | NA X X NA Record of frequency
IBOC weekly on the analog portion 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 quality and distortion in lab
demodulator will be used for the test. (With systems where the wide band analog demodulator log.
detects the digital signal during the analog proof, the digital transmitter will be tumed off by the lab
staff. In these cases a sterco consumer receiver that is not sensitive to the digital signal will be
used to confirm the analog channel performance for these systems.)
6 Reference | A proof of performance test will be conducted on the AM and FM reference transmitters, with | Objective | NA NA | X X X NA Objective test
analog TX and without subcarriers, prior to the compatibility test and at four week intervals during these records.
total proof tests. Both subcarrier groups will also be tested.
7 Monitor The AM and FM analog modulation monitors will be calibrated on a weekly basis. The AM Objective | NA NA | NA NA NA NA Calibration record in
calibration analog modulation monitor will measure both peak and average modulation, lab log
(Weekly)
8 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 bed All of the critical components in the test bed including the multipath simulator, attenuators. Objective | NA NA | NA NA NA NA Calibration record in
calibration combiners, filters, generators, and measuring instruments will be calibrated on a monthly lab log
(Monthly) schedule.

Note: The test procedure changes of Seplember 2. 1994 Tof tests 1.2, A3, and A.S arc Shown in lfafcs.




REVISION #9A Scptember 2. 1994

UNIFIED DAR LABORATORY TESTS

Test Group

Test &
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 detailed procedure for noise measurements will be supplied.

Note:

Type of
Eval

Sig

dBf

NB

IBAC

AM
1BOC

FM
IBOC

DBS

Test Results Data to
be Recorded

B

Impairment
tests for
character-
ization of
DAR signal
failure

1 Noise

1. Gaussian noise will 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. (To minimize possible
measurement variations caused by hysteresis, the noise will be increased 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 measured.

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 dB steps) and the level
logged.

2 From the POF, the co-channel interference will 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 variations caused by hysteresis, the co-channel signal
will be increased 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.

Subj &
EO&C
in Lab

D/U at TOA and
POF

3 Muldpath
with noise

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

2. A special multipath signal will be used for AM 1BOC.

3. Without noise 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.

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

6. (For those systems that require noise (o be added 1o hear multipath, seven digital audio recordings
will be made at the following noise levels: 1dB below TOA, 0.5dB below TOA, TOA, 0.5 dB above
TOA, at two equal points between TOA and POF, and at POF. These digital recordings are for expent
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 first

1. AM -> first adjacent DAR, replaces B-3 for AM system only. B-2 procedure will be used for this
test. In step #1 first adjacent will be substituted for co-channel. ’
2. The data channel BER will be measured.

Subj &
EO&C

NA

NA

NA

D/U at TOA and
POF

?

Note: The test procedure changes of September 2, 1994 for tests B.1.2, B.2.2, B.3.S, and B.3.6 are shown in Jtalics.
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REVISION #9A 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 material will be used for these tests. Eval dBf 1BOC | IBOC Recorded
C 1 Impulse 1. A generator 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 nanoscconds will be used for the test. The pulse rate will be slowly sweep P-P at TOA & POF
DAR with from 100 Hz to 1000 Hz. (Because these puises do not produce energy in the L and S
special bands, these tests were conducted only in the medium wave and the VHF bands.) BER at TOA
impairment 2. The pulse generator output will be mixed with the DAR signal,
3. The amplitude of the pulses will be increased until the TOA and POF is heard by the
laboratory specialist.
2CwW 1. The test will start with a slow RF sweep covering the DAR channel. EO&C M&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 channel
3. The sweep will be frozen at 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 sensitive frequencies.
3 Airplane 1. Tests will be conducted with two simulated aircraft speeds of less than 250 MPH. EO&C | W&M X X NA X NA | Multipath parameters at
flutter 2. The simulated reflected signal will be increased until the TOA or POF is heard by the TOA & POF
lab specialist.
Note: Simulated aircraft speeds to be set by the RF channel characterization task force.
4 Weak signal 1. Starting with 2 medium signal level, the signal will be reduced to TOA & POF (0.25dB | EO&C | Varying X X X X X Signal leve!l at TOA &
steps) (Steps were changed 10 1 dB.) POF
2. A single audio impairment recording will be used for this test.
S 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. Flat or short muitipath 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 Additional 1. This test will be conducted with four additional multipath scenarios not used in test B-3. | EO&C M X X NA X NA | Signal level at TOA &
multipath with | 2. For those multipath tests where no impairment is heard, noise will be added to the in lab POF
noise test signal in .5dB steps until the POF is heard.
3. From POF the noise will be reduced in 0.5 dB to find the TOA.
7 This test wilt compare AM and DAR reception with the following environmental EQ&C | W&M | NA | NA X NA NA | Interference amplitude at
Environmental | interferences: TOA & POF
noise (AM 1. Variable gated RF noise.
band)

Note: Test procedure changes of September 2, 1994 for tests, C.1.1. C.2 Signal Level, and C.4.1 are shown in Jralics
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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 Data to be
Impairment Note: 1. The undesired DAR signal will be generated with a simulator supplied Recorded
by the each proponent.
2. The desired DAB signal will be modulated with unprocessed
impairment test audio sequences.
D 1 1. The undesired co-channel DAR signal will be increased until the TOA and EO&Cin M X X X X X U & Levels at
Co-channel POF are heard by the lab specialist (0.25 dB resolution). Lab ' TOA & POF
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 1. The undesired first adjacent DAR signal will be increased until the TOA and | EO&C in M X X X X X D/U & 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 Amati/AT&T system.
3 1. The undesired second adjacent DAR signal will be increased until the TOA EO&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 will be made of the desired signa! with the
interference set at TOA.

Note: This test will be conducted on both the upper and lower second adjacent
channels and in both modes for the Amati/AT&T system

Data BER at POF
-1dB

Note: For the IBOC system tests, Expert Observation and Commentary (EO&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 | 1BOC Data to 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. EO&Cin M X X X X NA | TOA and POF
Co-channel 1. This test will be conducted four times, each 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 co-channel added, each of the multipath scenarios will 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-channel
interference will be added to the signal untit TOA and POF are heard.
5. Listening with the interference set at 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 fluctuations to simulate the AM band.
2 Same as Co-channel Test, E-1. EO&C in 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/AT&T system. and muitipath
scenarios
3 Same as Co-channel Test, E-1. EO&Cin M NA | X X X NA | TOA and POF
Second Lab levels for each
adjacent Note: This test will be conducted on both the upper and lower second adjacent undesired signal

channels and in both modes for the Amati/AT&T system.

and multipath
scenarios

Note: For the IBOC system tests, Expert Observation and Commentary (EO&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 Test Description Type of Desired | NB | IBAC | AM FM DBS | Test Results &
Note: 1. These tests will compare the analog ->analog and DAR -> analog Eval Sig Lev 1BOC | I1BOC Data
interference. dBf to be Recorded
2. The undesired DAR audio will be processed rock 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 | 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 will 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 channel 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 412-4 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 will 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-channel Test, F-1. 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 X NA Same as F-1
4 1. After test 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 select four receivers for FM and two receivers 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 gated 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 -> analog
interference that produced S/N ratios of 35 and 50 dB as in test F-1. For the AM
IBOC interference tests, the signal/noise 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-4, Subjective | M NA | X X X NA [ NA
Note: For step #6 the data will be taken from F-2, EO&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. EO&C
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REVISION #9 November 29, 1993

UNIFIED DAR LABORATORY TESTS

Test Group

Test

Test Description

Note: 1. These tests are intended to subjectively compare analog -> analog
interference with DAR -> analog interference with muitipath,
2. These tests are not intended to measure the interference to an IBOC
host station.
3. The undesired DAR audio signals will be processed rock music.

Type of
Eval

Desired
Signal
Level in
dBf

NB

IBAC

AM
IBOC

FM
| 1BOC

DBS

Test Results &
Data
to be Recorded

G

DAR -> analog
with multipath

Interference to
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 characterization sub-
group of Working Group B. The AM test will be conducted with amplitude
signal level fluctuations.

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 digital subcarrier will be tested 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. At least one of the FM stereo receivers should have poor AM rejection.

4, The desired audio signal will be a moderately 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 channel 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% modulation with a 400 Hz tone.

7. This test will be conducted with analog -> analog and DAR -> analog
interference parameters 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 evaluation.

Subjective
& EO&C
in Lab

NA

NA

NA

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 Amati/AT&T system will be tested in modes 1 and 2.

Subjective
& EQ&C
in Lab

NA

NA

NA

Subjective
& EO&C
in Lab

NA

NA

NA




Special for AM
L > Desired
R > AM/FM Stereo 5 Channel
s1 > Transmitter Multipath Atten
S2 > Subcarrier Simulator
D > Groups A & B
L > Reference
R > AM/FM Stereo
S1 > Transmitter Atten
S2 > Subcarrier
D > Groups A & B
Special for AM
> Undesired
AES/EBU |Propcnent 1 Channel
DAR Multipath Atten
Transmitter Simulator
>
Data

DAR -> Analog with multipath on FM and
with dynamic level fluctuation on AM

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

Test G-2 First adjacent - EO&C & Subjective
Test G-~3 Second adjacent - EO&C & Subjective
November 15, 1993

Revision #5 .

Note: No subcarriers on aM oo
All impedances 50 ohms unless indicated
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REVISION #9 November 29, 1993

UNIFIED DAR LABORATORY TESTS

Test Group Test Number Test Description Type of Sig Lev { NB | IBAC | AM FM 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 EQ&Cin 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 FM test step #1 will be repeated with subcarrier group B.
3. The TOA will be recorded on digital tape for the record.
inrr(:p:‘i}::cms 2 First adj 1. The undesired analog signal (FM with subcarrier group A) will be increased EOQ&Cin M NA | X X X NA D/U at 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 L. Two undesired upper and lower first adjacent analog signals (FM with EO&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 thelab | Lab POF
upper and specialist (0.25 dB steps).
lower first 2. For the FM test step #1 will be repeated with subcarrier group B.
adjacent 3. The TOA will be recorded on digital tape for the record.
4 Same as first adjacent channel test, H-1. EO&Cin M NA | X X X 1 NA D/U atPOA &
Second adj Lab POF
Note: This test will be conducted on both upper and lower second adjacent
channels and in both modes for the Amati/AT&T system.
K Same as simultaneous upper and lower first adjacent test, H-3. EO&C in M NA | X X X NA D/U at POA &
Simultaneous Lab POF
upper and
lower second

adjacent




>
AES/EBU

Data

Desired
Proponent
DAR
Encoder

0.25 dB

Atten

e
\'4

S1
S2

VVVYV

Undesired #1
AM/FM Stereo
Transnitter
Subcarrier

Groups A & B

0.25 dB

Atten

L
R
S1
S2
D

vV Vv

VVYVv

Undesired #2
AM/FM Stereo
Transmitter
Subcarrier
Groups A & B

Combining

Network

0.25 dB

Atten

Note: No

Anal

subcarriers

og -> DAR

H-1 Co-channel - EO&C

H-2 First adjacent - EO&C

A\

H-3 Simultaneous upper and lower
first adjacent - EO&C

H-4 Second adjacent - EO&C

H-5 Simultaneous upper and lower
second adjacent - EO&C

November 29,

Revision #6

1993

All impedances 50 ohm unless indicated

Mult

Proponent
DAR
Receiver

AES/EBU
>

—> L
—> R
f—>

Data

AM/FM

Reference

Receiver

—> L

—> SCA
L—> RBDS
—> Data

TEST EQUIPMENT
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Power
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AES/EBU
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Audio
Analyzer

Audio
Spectrum
Analyzer

FM
Modulation
Monitor




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 & Data
and Note: 1. The FM signal will be modulated with processed rock stereo, Eval IBOC | 1BOC to be Recorded
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.
I 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 will 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-channel test, I-1. EO&Cin W&M | NA | X X X NA | Same as 1-1
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 Amati’AT&T system.
3 1. This test will be conducted four times, each with different multipath scenario EO&C in W&M | NA | X X NA NA | Same as [-]
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 I-1 with two multipath tests. EQ&C in W&M I NA | X X X NA | Same as I-1
Second adj Lab
with
multipath
5 Same as simultaneous first adjacent channel test, I-3. EO&Cin W&M | NA | X X X NA | Same as I-1
Simuttaneous Lab
upper and Note: This test will be conducted on both the upper and lower second adjacent
lower second | channels and in both modes for the Amati/AT&T system.
adjacent with

multipath




> Desired
AES/EBU| Proponent Multipath Combining
DAR
Encoder Simulator Network
P T —
Data
L >——Undesired #1 0.25 dB
R >——AM/FM Stereo
S1 >—Transmitter Atten >
S2 >—- Subcarrier
D > Groups A & B
L >—-Undesired #2 0.25 4B
R >——AM/FM Stereo
s1 > Transmitter Atten
S2 >——Subcarrier
D >—-Groups A & B

Note:

No subcarriers on AM

Analog -> DAR FM with multipath and
AM with dynamic level fluctuation

I-1 Co-channel with MP - EO&C
I-2 First adjacent with MP - EO0&C
I-4 Second adjacent with MP - EO&C

I-4 Simultaneous upper and lower second
adjacent with MP on desired - EO&C

November 29, 1993

Revision #e6

All impedances 50 ohm unless indicated
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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 & Data to be
Impairment Note: 1. Continuous music will be used for the DAR audio modulation. Recorded
2. Hysteresis is the difference in dB between the signal level at POF with a loss of
lock or acquisition and the signal level 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 EO&C in 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 assure 0ss of lock. ' 2. Acquisition
DAR failure and 3. Three tests will be conducted with the noise reduced in 2dB, 4dB, & 6 dB below POF for time at each
Acquisition acquisition each test. noise level
and 4. The signal will be reconnected to the DAR receiver and acquisition time recorded for 3. Hysteresis
reacquisition each noise level. Acquisition is the reproduction 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 multipath scenario. The EO&Cin M X X NA X X Acquisition
Simulated 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. Noise 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 scenario.

4. A different scenario will be selected.

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

6. The signal will be reconnected to the DAR receiver and acquisition time recorded for
each of the test parameters in step #3. Acquisitionis the reproduction of usable music.

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

Note: The detailed procedure for noise measurements is supplied in a separate document.




EBU/AES

> Proponent 6 Channel Proponent |———> AES/EBU
Multipath > ~— Combiner > DAR > I,
> Encoder Generator Decoder p———> R
Data —————> Data
0.25 dB
Noise Bandlimited
Atten
Generator Filter RF
Spectrum
Reference #1 Analyzer
Digital
Power
TEST EQUIPMENT Meter
Two DAT
Machines
AES/EBU
Stereo
DAR Acquisition Monitor
Amplifier
Test J-1 Weak signal failure and acquisition - EO0&C
Audio
Test J-2 Multipath failure and acquisition - EO0&C Spectrum
Analyzer

November 29, 1993
Revision #6

All impedances 50 ohm unless indicated



REVISION #9 November 29, 1993 UNIFIED DAR LABORATORY TESTS

Test Group Test Number Test Description Type of Sig NB { IBAC | AM M DBS | Test Results &
and . Eval Lev . IBOC | IBOC Data to be
Impairment d4Bf 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 will be at least 1 minute.
a.Quality 3. At least 100 segments shall be considered by the working group.
b.Impairment | 4. Pre-processed digital audio tapes will be included.
¢.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 will be monitored 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 will use the following criteria for selecting
the audio test materials:

a. Select at least § segments that are capable of evaluating system quality.

b. Select at least 3 segments for testing systems with transmission
impairments.

c. Select at least 2 segments that are considered critical of each proponent
encoding system.
7. The final certification of selected 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 proponent,
additional segments will be obtained.

2 Quality 1. The quality test materials selected in test K-1 will be transmitted through Subjective M X X X X X ch_el 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 laboratory.




AES/
>

>
Data

EBU
Proponent

> — Combiner

Encoder

0.25 dB

Noise Bandlimited

Atten

Filter

Generator

Reference #1

TEST EQUIPMENT

DAR Quality

Test K-1 Selection of audio test segments - Subjective
Test K-2 Quality transmission tests - Subjective
November 29, 1993

Revision #6

All impedances 50 ohm unless indicated
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REVISION #9 November 29, 1993

UNIFIED DAR LABORATORY TESTS September 9, 1993

Test Group Test TEST PROCEDURE Type of Desired | NB | IBAC | AM FM DBS | Test Resuits &
) Eval Sig Lev IBOC | IBOC Data
Note: 1. The signal level for the composite IBOC is for both digitat and host dBf to be Recorded
FM in dBf.
2, IBOC digital always includes the host analog signal.
3. The IBOC digital signal will be heavily modulated with processed audio. !
4. Amati/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
Host analog response, and noise measurements conducted with a precision demodulator with and
DAR y quality (broadcast proof). A monophonic proof will also be conducted on the analog AM. without subs.
-> analo
& 2 1. A precision FM demodulator, one mono, five FM stereo, and two receivers with Objective | Varying | NA | NA X X NA Plot
IBOC to host IBOC to subcarrier groups A and B will be used for these FM tests. Two mono and two input/output
analog host analog | stereo AM receivers wili be used for the AM tests, Wito S audio
2. The host and reference FM transmitters will be set for a total 75 kHz deviation (distortion &
with 400Hz tone(left channel only), pilot, and with subcarrier group A or subcarrier freq. response)
group B. The AM transmitters will be set for 1005 modulation with a 400 Hz tone.
3. A separate analog transmitter will be used for the reference. Subcarrier
4. For each test receiver, a plot of the input/output characteristics of the IBOC performance
analog signal and the analog reference will be made. both digital &
3. The performance of both subcarrier groups will be objectively measured. analog
3 1. The same receivers used for test L-2 will be used for this test. Subjective | W&S | NA | NA X X NA Subjective
IBOC to 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 channels will be set for a total 75 kHz deviation with
400 Hz tone (left channel only), pilot, and with both subcarrier groups. The
separate reference AM transmitter will be set for 100% modulation.
5. For each test receiver, a digital audio recording will be made of the IBOC analog
audio signal and each receiver with the analog reference.
6. Both subcarrier groups will be monitored for guality.
4 1. The same receivers used for test L-2 will be used for this test. EO&C W&S NA | NA X X NA RBDS and
1IBOC to 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 procedure outlined in L-3 step #4 will be used to setup the transmitters.
multipath 5. Both subcarrier groups will be used for this test.

6. Four multipath scenarios selected by the RF channel characterization subgroup of
WG B will be used. Noise will be added to the multipath to bring the multipath up
to the TOA on the analog receivers. Dynamic signal amplitude variations will be
substituted for the AM test.

7. At the two signal levels and for each test receiver, an EO&C report will compare
the 1IBOC analog signal quality and the analog reference signal quality.




All impedances 50

ohm unless indicated

AES/EBU
>—— Proponent 0.25 dB > L
Data> Composite . 5 Channel Combining > AM/FM —> R
s1 > IBOC (FM with|—Multipath Atten |—>— Mult > Data
S2 >——Subcarrier Simulator Network Receiver > SCA
D >——Groups A & B) . -> RBDS
Alternate Position AES/EBU
L >—— Reference 0.25 dB Proponent |—>
R > AM/FM Stereo 5 Channel Referencef—> Data
s1 > Transmitter Multipath Atten > DAR —> L
s2 > Subcarrier Simulator Receiver +—> R
D > Groups A & B)
‘ Precisionf—> L
0.25 dB Stereo —> R
Noise Bandlimited Demod —> Data
Atten with Sub |—> RBDS
Generator Filter Groups I—> SCA
Reference #1 TEST EQUIPMENT
Note: No subcarriers on AM
RF
Spectrum
Analyzer
Digital
IBOC -> Host analog Power
Meter
Test L-1 IBOC -> Host analog - Objective
FM Demod & Three DAT
Test L-2 IBOC -> Host analog with noise - Objective |[Modulation Machines
Monitor AES/EBU
Test L-3 IBOC -> Host analog EO&C - Subjective
Audio Stereo
Test L-4 IBOC -> Host EO&C with FM multipath or Analyzer Monitor
AM level fluctuation - Subjective Amplifier
RBDS Audio
November 29, 1993 Test Set Spectrum
Analyzer
Revision #6



REVISION #9

November 29, 1993

UNIFIED DAR LABORATORY TESTS

Test Group Test TEST PROCEDURE Type of Desired | NB | IBAC | AM FM DBS | Test Results &
Note: 1. The signal level for the composite IBOC is for both digital and host Eval Sig Lev IBOC | IBOC Data
FM in dBf. dBf to be Recorded
2. 1BOC digital always includes the host analog signal.
3. The analog signal will be heavily modulated with processed stereo rock
music. The FM signal will include both subcarrier modes.
4. The DAR signal will be modulated with the impairment audio test
material,
M 1 1. The IBOC analog modulation will be alternately switched on and off while EO&Cin { W& M | NA | NA X X NA EQ&C
Host analog listening to the DAR audio for impairments. Lab
Analog -> DAR to IBOC 2. Both FM subcarrier 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 will be recorded on digital audio tape.
1BOC impairments
2 1. Four multipath scenarios selected by the RF channel characterization subgroup EO&Cin | W& M | NA | NA X X NA EO&C
Host analog | of WG B will be used for this test. Lab
to IBOC 2. Amplitude varying signals will be used for the AM test.
digital with 3. The IBOC analog modulation will be alternately switched on and off while
multipath listening to the DAR audio 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
S. The test resuits will be recorded on digital audio tape.




AES/EBU

0.25 dB

> Proponent
S1 > Composite 5 Channel
S2 > IBOC DAR & FM-—-Multipath
D > with sub Simulator
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Reference #1
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>

0.25 dB

Combining

Network

Atten

IBOC Host FM ~> DAR

Test M-1

Host FM -> DAR - EO&C

Test M-2 Host FM -> DAR with multipath - EO&C

November 29, 1993

Revision #6

All impedances 50 ohm unless indicated
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UNIFIED DAR LABORATORY TESTS

the signal generator it replaces. Any difference in subjective interference will be noted in the
EO&C.

Test Group Test Number TEST PROCEDURE Type of Sig NB | IBAC | IBOC | DBS | Test Resuits
and Eval Lev & Data to
Impairment Note: 1. This test is IBOC specific. dBf be Recorded
2. In addition to co-channel and adjacent channe! 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 (10.7 MHz IF) above and below 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 will
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 | 30 dB Audio
receiver. Lab SN
Muttiple
spurious (10.6 RFGEN 1= 94.1 MHz
MHz & 108 Receiver = 99.95 MHz
MHz) RFGEN2= 1048 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 gencrators will be set to give 30 dB S/N.
2. Test Using the analog test receiver the proponent IBAC system will replace RF GEN 1 (94.1 EO&Cin NA X X NA NA Chapge§ in
MHz). The average power of the IBAC transmitter will be set for the same power level as Lab ?utbj:fcnvc
nterference

July 17, 1995
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"o% Outline of DAR/Subcarrier Compatibility Tests REVISION #9A
August 9, 1995

Subcarrier Test Group A Subcarrier Test Group B Subcarrier Test Group C Subcarrier Test Group D
{Undesired)
RBDS 3% { RBOS 10% 67 kdz 10%
65,5 kHz Digital 8.5% | 67 kitz 10X | 92 Khz 10X
92 kHz 8.5% . 92 kHz kS Oigital Data 10X
;—“

SUBCARRIER TESTS
DAR -> ANALOG and ANALOG -> DAR

Description Test 67 kHz 92 kHz RBDS RBDS Digital S
SCA SCA 2.5% 10% 6.5 kHz
Analog Anslog BER
Quality Quat fty Test Test
F F-1 Co-channel objective X X X X X
DAR -> F-2 First adjacent objective X X X X X
Analog
F-3 Seccnd adjacent objective X X X X X
interference -
to analeg F-4 Co-channel subjective X X NA. - NA NA
receiver
with no F-5 First adjaceni subjective X X NA NA NA
other
impafrments F-6 Secord adjacent subjective X X NA NA NA
G G-1 Co-channel subjective X X X X X
DAR -> G-2 first adjacent subjective X X X X X
analog with -
nmultipath G-3 Second adjacent subJective X X X X X
H K-1 Co-channel FM4 SIGNAL SUBCARRIER TO DAR COMPATIBILITY TEST
Analog -> K-2 First adjacent "
DAR no cther
impairments H-3 Simul tanecus upper & lower first "
EORC B-4 Second adjacent "
T
OR & poF B-3 Simul taneous upper & lower second "
I 1-1 Co-channel with miltipath . FM SIGHAL SUSCARRIER TO DAR COMPATIBILITY TEST
Analog -» 1-2 First ed] with nuttipath "
DAR with
nultipath 1-3 Sirultaneous up & low with muttipath ©
E04C I-4 Second adj with multipath "
T0A & POF
1-5 Simultaneous second up & lew with WP "
L L-1 IBOC host analog quality objective FM subcarrier ~> stereo program audic objective test
With end without subcarriers Subcarrier groups A and B will be independentiy used
DAR ->
enalog L-2 IBOC -> host analog objective X X X X X
180C to host ’
enalog L-3 180C -> host analog subjective X X NA NA NA
L-4 180C -> host analog with %P subjective X X X X X
M M-1 Host analog -> 1BOC digital FM SIGNAL SUBCARRIER TO DAR COMPATIBILITY TEST
Host Anclog
to 186C DAR | , o ( N -
E0LC in Lab Host analog -> 1BOC digftai mult{path FM SIGNAL SUBCARRIER YO DAR COMPATIBILITY TEST

FM SIGNAL SUBCARRIER TO DAR COMPATIBILITY TEST: By independently switching on and coff
subcarrier group A and B, the error rate will be monitored at TOA. If an increase is
noted with a subcarrier group on, the FM 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 facilities
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 button 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 impairment scale in the form of two adjustable 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 materialé

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
universally 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 can 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 disagreeable 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. It is 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 turn out to meet 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 turn 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 materials, 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 momming of each day would be devoted to training on the 30 items that will be rated in the aftemoon.
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 be 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 afternoon’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 to a pre-aranged,



pseudo-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 a 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 S-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 critical 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 impairment tests will be recorded, for each DAR
system and each type of impairment, at the following levels of impairment: CA, TOA1, TOA2, TOA3, S1,
S2, ..., POF where:

CA = coded audio in a clear channel

TOA1, TOA2, TOA3 = three stimulii in the close neighborhood of the approximate TOA
(Threshold of Audibility)

S1, 82, ... = other intermediate levels of impairments

POF (Point Of Failure)

For each of the above impairment 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
channel) as the reference and the three stimulii recorded in the close neighborhood of the approximate TOA
(i.e. TOA1, TOA2 and TOA3). The goal is to determine which of TOA1, 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, S2, ..., 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 5-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 (i.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
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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 suggests an approach 1o lesting DAR system performance over a wide range of
simulated multipath conditions so that the performance limils of a given syslem can be approximalely
established. The channel simulation system proposed for use in these tests is the HP 11759C. The idea
is to evaluate system performance while varying the multipath paramelers until the Point of Failure
(POF) of the system under test is reached, and to repeat these tests until the domain of operation of thal
system is defined. The tesls themselves would include informal listening tests to define POF. In
addition, a test would be performed at each setling of the simulalor 1o measure the point of reacquisition
of the syslem under test afier loss of signal.

2. Simuiation Hardware

The HP 11759C simulator can generale 6 independent palhs, and wo units can be operaled in landem
lo generale 12 paths. The simulalor has three modes:

(1) “Simulation” mode: the delay, amplilude and phase of each palh can be sel independenlly. The
amplilude of a given palh can either be fixed, with a constant Doppler shift or phase shilt, or it
can be made to fade with a Rayleigh distribution and specified maximum Doppler shill. The
latter mode produces a classical "U-shaped* Doppler spectrum for the corresponding path. In
the Simulation mode, the simulalion runs continuously; however, the aclual fading pallern on a
given palh repeals after aboul 27 seconds.

(2) "Travel* mode: in this case, a simulation of a 15 km lrip al conslanl speed through an area wilh
up to six mullipath reflectors (or 12 with two simulalors) is performed. The user specilies the
location and loss faclor of each reflector, along with the localion of the transmitter. The delay
and path loss for each path is updated at a rale of 10 times per second, and a log-normal
amplitude distribution is applied o simulale wide-area fading (shadowing).

3) *Dynamic® mode: the settings for each path are complelely specified by the user. The length ol
the simulation runs depends on the number of sellings in the dala lile and lthe updale rale al
which they are fed to the simulator.

Inall three cases, a dala file conlaining the simulator path sellings is prepared before the simulation run.
During the run, the settings are transmilted from the PC controller o the simulator al a fixed update rate.
This rale can be varied from 1 Hz lo 2.3 kHz. The “Simulalion” mode uses the maximum updale rale of
2.3 kHz, whereas the Travel mode uses an updale rale of 10 Hz. In lhe Dynamic mode, the update rale
can be specified by the user.

Within the constraints imposed by the simulator, we can vary the following parameters:

) Multipath delay spread

) Maximum Doppler spread

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

The first two parameters are those which will be varied in order lo plot the sysltem performance limils on
a delay vs. Doppler plot. Since different multipath profiles having lhe 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 fests, the Simulation mode is mos! appropriale In order to detlermine the sellings for the
individual paths, it is necessary to adopl a model. It is suggesled thal, in developing the sellings, the
COST 207 recommendations developed in Europe for GSM digital cellular syslem tests be followed. In
fact, these recommendations are the basis for the predefined mullipath profiles which come with the HP
simulator. Although the COST 207 model was developed for testing 900 MHz systems, there is no
reason to believe that the real-world power delay profiles al VHF, L-band or S-band are radically different
from those seen at 900 MHz (some significant differences belween terrestrial and satellite channels may
be expecled, however).

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

RA (rural area, non-hilly): sawlooth shape, delay spread = 0.1 ms

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

BU (bad urban, hilly): double sawlooth shape, delay spread = 2.5 ms

HT (hilly terrain): two separated sawlooth shapes, delay spread = 5 ms
The four profiles are shown in the accompanying figure.
The report also provides recommended sellings for 6 and 12-path simulalors lo achieve these profiles.
Each path is characlerized by a time delay, allenualion, and type of Doppler speclrum. Raylelgh fading
is applied to each path. Four types of Doppler speclra are defined:

CLASS: classical "U-shaped™ spectrum extending between the maximum Doppler shift limits

GAUS1: two narrow Gaussian speclra, with the Iarger of the two on lhe negalive side of the
Doppler axis

GAUS2: two narrow Gaussian speclra, with the larger of the lwo on the positive side of the
Doppler axis

RICE: combination of an unscatlered component {direc! path) and lhe classical spectrum

In the recommendation, the CLASS type speclrum is used for paths with small delays (< 0.5 ms), and the
two Gaussian spectra are used for the longer-delayed paths. The RICE specirum is used only in the RA
profile. This type of speclrum is also appropriale for salellite channels. One limitation of the HP
simulalor is that il cannot generale the Gaussian Doppler speclra. Rayleigh fading paths can only have
classical U-shaped Doppler specira (or no Doppler shift al all). Thus it uses lhe CLASS lype spectrum
for all paths in its predefined GSM test profiles, excepl for the single inslance of RICE in the RA profile.
The COST 207 recommendation allows the subslitulion of classical spectrum for Gaussian, slaling that
"this approach is a worst case of lhe time variance of the mobile radio channel”.



The predefined mullipath profiles for each environment were generated for one delay spread,
presumably reflecling typical conditions for that environment. For the purposes of exercising the DAR
systems, it will be necessary o produce a family of profiles, with progressively increasing delay spread,
for each environment. This can be done with a simple. scaling procedure applied 1o the individual path
delays.

4. Test Procedure: Outline

The basic test procedure for a given simulated multipath environment is 1o load the profile of simulator
seltings for the smallest delay spread, and then adjust the Doppler spread in increments until the POF is
found (note that in this context, “profile” refers 1o a file slored on the PC which contains all of the setlings
for a simulation run). This is easily done from the menu screen of the Simulation Mode of the simulaltor.

Changing the Doppler selling on any one of lhe paths automatically changes it for all of the others.
Since the most stressful situalions tend 1o be at the extremes of the Doppler settings (i.e., very slow and
very rapid fading) il 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 test should be performed. Once the
performance of the system is fully characterized for thal delay spread, a new prolile is loaded for the
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 until a locus of points mapping out the limits of system
performance on a delay vs. Doppler plot is oblained (see Figure 2). The procedure then can be repeated
for the olher environment types, to see if system performance is dependent upon the nature of the power
delay profile.

Preparalion for the tesls involves generalion of a set of scaled mullipath profiles for each of the basic
prolile types, and generation ol a new sel of Rayleigh Fading Dala files for the appropriale Doppler
shifts. The profiles have been generated al CRC, and are conlained on floppy disk. Generation of the
Rayleigh files is done wilh the HP IQMAKE ulility, and should be done on the largel PC. Each of these
files is aboul 3.1 MB, so there must be sulficient disk space available for them. The Doppler values in
lhe following lable are suggested as a slarting point.

Additional values, if needed, can easily be generated by the IQMAKE facilily. Nole thal the maximum
Doppler shift which can be generated by the simulalor is 425 Hz. Il is suggested thal the lesls for a
given delay profile begin with the Doppler selling coresponding 1o a vehicle speed of 30 km/h at the
frequency of the syslem under lest. From thal poinl, the simulated speed can be varied downwards
lowards zero and upwards lowards the maximum speed.

5. Preliminary Setup

Begin by copying the conlenls of lhe floppy disk o lhe direclory where lhe channel simulation software
resides. It is assumed lhal this direclory is C:\CHANSIM. If il is nol, il may be necessary 1o edil the
multipath profile files 1o change the IQDATA_DIR enlry. To avoid confusion with the new data fliles lo be
created, it would be a good idea lo temporarily move any exisling fading data files {with filenames
RAY".1Q) to another direclory. Do the same for the CHANSIM.PRO file, il one exisls.



p——

Maximum
Doppler
Shift (Hz)

100 MHz

Vehicle Speed (kmvh)

1.5 GHz

2.36 GHz

0.093

0.067

0.043

0.28

0.2

0.13

0.46

0.33

0.21

0.93

0.67

0.43

1.39

2.78

4.63

6.94

9.26

13.89

20.83

27.78

41.67

69.44

104.17

138.89

208.33

3125

416.67

Building the Rayleigh Fading Files:

It is recommended that the fading files be crealed on the PC which conltols the simulator, 1o avoid the
need lo lransfer the files (the individual files are oo large lo fit on a floppy disk, and they do not
compress significanlly). The steps required lo creale the fading dala files are as follows:

(a) Ensure that there is sufficient hard disk space available on the PC. Building the dala file_s
for all of the Doppler shifts given in the lable will require about 60 megabyles of disk space. It is
also important to 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 at least 560K of available memory before you star.

(b) Enter the CHANSIM directory containing the simulation software and make sure thal the
IQMAKE.EXE program is present. All of the data files in the table (a total of nineteen files) can
now be created by simply entering: - -

MAKE
This is simply a batch file which contains the command:

IQMAKE -r 100E6 1 35 10 15 30 50 75 100 150 225 300 450 750 1125 1500 2250 3375 4500

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

RAY1.1Q, RAY3.IQ, elc., and each should be 3,147,241 bytes in length. If it becomes necessary
lo build additional fading files later, use the IQMAKE program directly. For example, to build a
filte which provides the Doppler shift encountered al 100 MHz by a vehicle travelling al 200 kph,
the command would be:

IQMAKE -r 100E6 200

6. Running the Simulation

Rather than using the CHANSIM program directly, the simulalions are run by means of a balch program
which provides a menu for selecling different families of multipath profiles. This allows the user lo avoid
dealing with a limitalion in the simulator software: it allows access lo only 10 user-defined profiles at a
time. To slart the simulation, go to the CHANSIM direclory and enler SIMUL. The following 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 taps, Delay Spread =11 ~ 20 us

S e

_Select 1-5, or g to quit:



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

1.

Select S for the Simulation mode. This brings up the Simulalion mode screen, which wil initially
show all paths turned off and the paramelers set 1o zero.

Set the RF and LO frequencies which are appropriate for the ‘system under test, by moving the
cursor fo the comesponding localions on the screen and hilling Enter, and then enlering the
frequenzy in MHz. This has to be done for each group of three paths (and, unfortunately, has to be
re-entered each lime you leave the CHANSIM program 1o select a new environment type, since
when the program reslaris, the RF frequency reverts 1o the defaull of 900 MHz).

Now it is lime 1o select a multipath profile from the environment type previously selected. Hit ALT-P
and then R 1o recall the stored profile. This will bring up a selection of 10 different profiles from that
environmen!, wilth a range of delay spreads as indicated. Select a profile (typically from the middle
of the range if you are using that profile for the first time) and hit Enter.

When the profile loads, the parameler values in the Simulation screen will be filled in. The simulalion
will becorne aclive as soon as the load is completed, and will run continuously until a new selection is
made or the Simulation mode is exited.

The Doppler shift can now be varied while the delay profile remains fixed. When the profile is
inilially loaded, the Doppler will be sel lo a default value of 2.78 Hz, corresponding 10 a vehicle
speed of 30 kph at 100 MHz. This is a reasonable slarling poinl for VHF lesls, but for the UHF
syslems, a new slarling Doppler value should be selected which corresponds 1o roughly 30 kph
vehicle speed al the tes! frequency. For example, for 1.5 GHz, it would be appropriate 1o select the
file which provides a Doppler shift of 41.67 Hz. To select a new Doppler shift, move lo any one of the
RAY entries in the Speclrum selection parl of the screen and hit Enter. The various Rayleigh fading
files for different Doppler shifts thal were created previously will be displayed. Use the cursor keys
(and PgUp/PgDn) to select the file desired and hit Enter. The simulation will resume wilh the new
Doppler selling as soon as the file loads, and the Simulalion screen will show the new
Doppler/vehicle speed sellings.

Tesls do not necessarily have to be done for every Doppler value. The basic idea is 1o explore the
domain of operalion of a sysiem under lest and show the results on a graph which plols delay spread
vs. Doppler spread (or vehicle speed). For a given environment type, we hold the delay spread
constant and perform tesls for different Doppler values. in order lo reduce the lolal number of lests,
the incremenls in Doppler can be coarse al first, becoming finer as necessary 10 zero in on the paris
of the domain where problems become evident.

When tests with different Doppler shifts are completed for a given delay spread, return to step 3'and
select a new profile with a different delay spread (again, the increments in delay spread chosen may
inilially be fairly large, unlil the limils of the system under lest become more evidenl). When tesls
are compleled for the environment and delay spread range available from the slored profile, hil Esc
to exil from the Simulation mode. Then at the main menu, selecl Q to quil the CHANSIM program.
This will return you to the environment selection menu. Make a new seleclion and relurn 1o step 1
above.
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06/14/95  14:58 FAX 801 584 2831 MAINSTREAM DATA @oo02/002

June 14, 1985

Mr. Robert McCutcheon,
EIA DAR Testing Lab
NASA Lewis Ressarch Center

Dsar Mr. McCutcheon,

Thank you for hosting me at the DAR testing facility on June 7th. During the visit
| was able to determine that the Mainstream Data FM subcarrier equipment had
been installed correctly, and was operating at 10% Injection. Upon addition of
RF noise the signal degradation initially produced “first-level" error correction
activity as expected, and with additional signal degradation the "second-level"
error correction also became active, as expectsd.

As we discussed during the visit there is a threshold of errors above which we
deem the performance unacceptable. Admittedly, this is not a sharp line, given
that some customers are more sensitive to errors than others. Our installers
attempt to orient the customer antenna to eliminate ANY error correction activity
during the several minutes they would be allotted 1o stay and watch the LCD
display. This is achievable in most cases. If the antenna cannot be adjusted to
bring the error rate below five to ten first-level error corrections per minute then
the site is deamed a non-FM site and other amangements are made to deliver
the data to the customer by other more costly means. Rapid first-level error
events, while they may all be corrected over any short observation period,
indicate that there is not enough performance margin left to trust the site
performance over a variey of weather and other anomalous conditions.

Sinceraly,

M/é%u‘

Bruce Rothaar
V.P. Engineering
Mainstream Data
(801) 584-2800

JUN 14 'S5 17:48 821 SB4 2831 PAGE.BB2
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Appendix J — Ancillary Data Channel
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Testing DAR ancillary data channels

Proponent ancillary and auxillary data channels must conform to PC-compatible COM1, COM2 port
electrical and mechanical specifications. Electrical specifications follow RS-232 conventions. Mechanical
specification are that it is a male DB-9 connector with signals as follows:

pin | signal | sense function
2 RxD in input data
3 TxD out output data
5 GND
7 RTS- out input flow control
8 CTS- in output flow control

The test platform ("EIA Test PC") is an IBM-compatible 486DX PC running DOS 5.0 or higher with
COM1 and COM2 ports and VGA display. In addition, two "Null Modem" cables are required to connect
the test PC to the proponent transmitter and receiver. Test PC COM1 connects to the proponent transmitter,
and Test PC COM2 connects to proponent receiver. Figure 1 shows the connections for each of the
proponents that uses the PAC codec. A "Null Modem" cable has connections as follows:

from to

pin pin
2 3
3 2
5 5
7 8
8 7

The Test PC runs the supplied C-language program ck_data.c that transmits a known sequence of 8-bit
bytes out the Test PC's COMI port and checks that the Test PC receives them on its COM2 port. Currently
the sequence is the 8-bit values 0, 1, 2, ... 255, 0, 1, ... although this can be easily changed in the test
program source code. This C-language test program requires the following commercial software:

Microsoft C/C++ compiler version 7.0 (also called "Visual C++").

Greenleaf Commlib level 2, version 4.0 or higher
Greenleaf Software, Inc.
(214) 248-2561

On executing the data check program ck_data. exe the Test PC will display several statistics, all referenced
to when the test began or to when the test counts were reset. They are: the current elapsed time for the test.
the data rate over the channel under test, expressed in bits per second (bps), the total number of bytes
_ received, and the number of errored bytes received.



TESTING AT&T ANCILLARY DATA CHANNEL

COM1

EIA Test PC

COM2

COM?2, Tx Rear Panel

COM2, Rx Rear Panel

TESTING AT&T AUXILLARY DATA CHANNEL

COM1

EIA Test PC

CcoOM2

COML1, Tx Rear Panel

COM1, Rx Rear Panel

TESTING AT&T/AMATI OR JPL ANCILLARY DATA CHANNEL

COoML1

EIA Test PC

CcoMm2

COML1, PAC Encoder

COM1, PAC Decoder

Figure 1. Block Diagram for Testing DAR Data Channels
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ltoaEram To test ancillary data channels

v

transmits date test patterr
receives data test pattern
and COM2 run with hardware flow control

at 19200 baud.

" the output test pattern is byte seaduence of i%255 for i=0.1,2...

= 0,1.2....255,0.1...

* any desired output seauence can be generated by modifvying

= function "next_byte()'

* the input data is flagged as "illegal” until SYNCLIM correct bytes

* are received. after which the consecutive correct bytes

x are counted and the received bits per second (bps) are computed.

x with each received byte counted as 8 bits. Elapsed time is displaved.,

* from keyboard:

: “ESC" key auits program

* "R" key resets counts

*/
Hdefine

COM1
comMz2
comMi

LA

(CTS—-/RTS~1

X

or

DEBLIG 1

#include
#include
#include
#include
#include
#include

{(stdio.h>

(stdlib.h>

Caraprh. h
{taime.h>

(string.h

(math.h>

#include ‘"commlib.h’

#include ‘'asciidetr.h’

#include "ibmkevs.h"

#include <(io.h»

#detTine TITLE "EIA DAR Ancillary Data Channe)l Test”
#define BaAUD 19200L

#define SYNCLIM 32

fidefine T_ROW 1 /™ title >/

#define C _ROW 5 /* com port status */
#detine L _COL 0 /% left margin >/
#define M _COL 60 /* middle tab stop =/
PORT. *port{2]: .

int com_port(2], com_char. com_ref:

long com_bytes. com_sync. com_err:

char buffer(801; '

double interval;

extern void main{int argc.char **argv );

extern void open_coml(int i) )
extern wvoid put _port_charl(int il;

extern void get_port_char(int i):

extern int next _bytelint *i);

extern void show_port_stat(void):

extern void clr_com_stats{void):

extern int time_intlint mode.double *interval.int step):
extern wvoid show_timeldouble intervall:

void

mainlargc. argv!

int argc:

~her *Yarav:



int oo 1. a1z

/* set defaults */
com_port[01l = COM1:
com_portl1] = coM2: )
com char = (0O e

if (DEBUG!) ¢
printfl{"sending on COM1 at %ld baud\n'. BAUD):
printf{"receiving on COM2 at %1d baud\n". BAUD);
printf{“%s. %s\n\n".
“ESC to quit”,
“’R’> to reset counts”):
printt ("CR to proceed\n”);
getchar():
t

/” open ports */
open_com(0}:
open_comii);

clr_com_stats():
time _int(0. &interval. 11]:

while (11 (¢
1f [ gfkbhit() Y |

c = getkey():

if | o == ESC ) |
PortClosel( port{0] ):
PortClosel porti1l 1:
_settextposition(23, 0O1}:
=xit( O 1: £

-
3
A

else 2f | ¢ == "R” )} |
clr_com_stats():
time int(Q. &interwval. 11:

put _rort _charl(0):
get_port_char(il):

if (time_int(l. &interval. 1)1} {
show_time{intervall:
show_port_stat():

}
void
open_com(i)
int i:
N
port{i] = PortOpenGreenleaf( com_port{il, BAUD. >N’., 8, 1 };
if ( portl[i)->status ( ASSUCCESS ) ¢
printf{ “"Failed to open COM1 port. Status = %d\n".
port{il->status ):
o exitl( 1 ):
=
UseRtsCts! port(il]. 1 1}1:
H
void

put _port_char(i?
int 22



int J:

if (WriteChar( portlal). com_char 1 ==
next bytel&com_charij:
}
!
vord
get _port_chariil
int a:
i
int ¢. match:
¢ = ReadChar! port{i] ):
if [ ¢ { ASSUCCESS ) return:
match = (next_bytel&com_ref) == ¢c) 2 1 : O;
com_bytes++:
if (com_sync++ < SYNCLIM) ¢
if (imatch) |
com_sync = 0:
com_ret = ¢
!
a2lse |
it {!match) ]
com_err++;
com _sync = O:
com_reT = c:
return:
else
com _eyne = SYNCLIM:
f
H
t
int
next_bytelint *pt
3
int 1 = ({("*p)+3) & OxTf:

return(*p = i):

void
show_port_stat(]
i
long rate:
rate = 8.0%(double)com_bytes/interval:
sprintf (buffer,
"Received:

_settextposition(C_ROW.
_outtext(burfer);

%61d bps at %61d baud”.
L_COL):

ASSUCCESS)

rate.

i

BAUD) ;

if (com_sync == SYNCLIM) !
sprintflbuffer, "%121d %12s %X121d bytes”.
com_err. "errors in'. com_bytes]):
}
else |
sprintfibuffer. "%12ld %12s %121d bytes .
com_sync. “invalid data”. com_bytes]:
i

settextposition{C ROW+1. I. COL}:



void

clr_com_stats(]

3
.Clearscreent _GCLEARSCREEN];
sprintf(buffer, "%s", TITLE):
-settextposition{T_ROW. L_COL):
_outtext{buffreri):
com_bvytes = 0:
com__sync = 03
com_err = 0;

int
time_int(mode, interval., step)
int mode:
double *interval:
int step:
{
long now:
static long start. prev:

if (mode == ()} 4
start = ElapsedTime()/1000:
prev = start:
return 0O:

else |
now = ElabpsedTime()/1000:
it (now < (prev + step)) |
' return 0O:

W -
P
in
iy

*interval = (double)(now
prev = Nnow:
return 1:

void
show_time(interval!
double interval:
{
long s = {(longlinterval:
-sprintf{buffer, "TIME: %3dh %2dm %2ds".
(int)(s/(60*601)),
(int) (sx(60*60) ) /60.
(int) (s%60));
_settextposition(T_ROW, M_COL);
_outtexti(buffer):

startl:
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Appendix K — IBOC System Modifications



i

ATal

Bell Laboratories

‘l

600 Mountain Avenue

P.O. Box 636

Murray Hill, NJ 07974-0636
908-582-3000

TO: TOM KELLER, EIA WG B

cc: Dave Londa, DAR Test Lab Manager
John Bingham, Amati Communications Corp.

FROM: Edward Y. Chen, AT&T
DATE: Friday March 17, 1995
SUBJECT: AT&T/AMATI EQUIPMENT MODIFICATIONS

1. On January 27, the following changes were made in the AT&T/Amati IBOC transmitters,

a. In the primary transmitter, resistor R25 ( 1 K ) was bypassed with a wire.

b. In the secondary transmitter, an external 2K resistor was replaced by a 750 ohm resistor.

¢. The changes resulted in an increase in digital power level for both transmitters. Prior to
the changes, the digital power was measured to be -28.43 dBm with the composite power (
analog + digital ) at -7.10 dBm. After the changes, the digital power was increased by 8 dB
to -20.44 dBm with the composite power at -7.31 dBm.

2. On February 3, 1995, permission was given to allow the Amati analog FM signal to be disabled and
substituted by an FM signal generated by a Harris THE -1 FM exciter. The Harris FM signal was
combined with the Amati digital signal through an external 10 dB directional coupler. The final
power levels were adjusted to be identical to what they were previously with Amati’s original FM. The
final composite power was -7.16 dBm with analog FM at -7.56 dBm and digital power at -20.46 dBm.

3. On March 15, 1995, a front end box was installed and became part of the AT&T/Amati IBOC receiver.

This additional box functioned as a broadband attenuator which protected the receiver from being
overdriven. Its insertion loss was 2.24 dB.

4. The 3 dB bandwidth of the Amati DAB signal is 73.3 Khz per sidelobe, or 146.6 Khz total.

Sincerely,

Gheet ) Ol

Edward Y. Cheg
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Tom Keller

Consultant and Chairman

Working Group B

Digital Audio Radio Subcommittee
Electronic Industries Association
6721 Clelia Ct

Springfield, Virginia 22152-3033

Dear Mr. Keller:

The following changes were made by USADR to its FM-1 IBOC-DAB receiver system, returned
today to Cleveland.

1.

Receiver Equalizer: One field programmable gate array (FPGA) was replaced and
demodulator software was upgraded to increase equalizer speed. Software upgrades have
been supplied on a microdiskette in a set of DOS files in a directory named "RXCODES."
Software which drives the Transmitter, found in a subdirectory named "TXCODE?2," has not
been changed.

Source Decoding: The software upgrade (PROM change) to correct the design error
causing unintentional time delay in music decoding was not made. However, a PROM change
was made to the error correction decoder. This change is addressed in the attached letter.

RF Front End. Two changes were made. The first change was the removal and replacement
of a rotary encoder switch used for tuning the FM frequency. Before this repair, the FM-1
receiver front end would either tune in one direction only or not tune at all. This repair allows
the FM-1 receiver front end to tune, in frequency, up and down as well as wrap around.

The second change to the receiver RF front end was the removal of a notch filter assembly,
which was never used (system was always operated with this filter assembly bypassed), from
an internal compartment labeled "Notch Filters." The notch filter assembly was replaced, in
this compartment, with an FMIF bandpass filter, TTE # KC6 10.7 MHz BPF, 500 kHz BW.
This bandpass filter improves IF selectivity to a limited degree.

A 6 dB attenuator was added in line between the RF front end and the demodulator to make
up for the reduced insertion loss of the bandpass filter installed compared to the notch filter
assembly removed. ‘

332 South Mickigan Avenue . Suite 60% . Chicago, lllinois 60604
Phone. 312 . 987 . 4449 Fax. 312 . 427 . 985 1-800-33-USADR



Tom Keller, EIA WG B
March 6, 1995
Page 2 of 2

I certify that no other changes were made to the FM-1 RF front end, demodulator or error correction

decoder. I certify that no changes at all were made to the CDQ 2001 MUSICAM decoder. Please -

refer to the attached letter regarding the changes to the error correction decoder.

Sincerely, /

7 ‘ %//
A vigi ¢

Engineering Manager

cc: Ralph Justus
Electronic Industries Association
Consumer Electronics Group
2500 Wilson Blvd
Arlington, VA 22201-3834

cc: Dave Londa
EIA/DAR Test Laboratory
NASA-Lewis Research Center
21000 Brookpark Road
MS 54-2
Cleveland, OH 44135

S
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March 6, 1995

Tom Keller

Consultant and Chairman

Working Group B

Digital Audio Radio Subcommittee
Electronic Industries Association
6721 Clelia Ct

Springfield, Virginia 22152-3033

Dear Mr. Keller:
USA Digital Radio thanks the EIA for this system modification and lab retest opportunity.

In the process of executing various system changes which are described in the attached letter,
USADR also found it necessary to modify its FM-1 interleaver and deinterleaver.

USADR has executed changes in Chicago to its FM-1 error correction decoder as well as changes
in Cleveland, today, to its error correction encoder.

In detail, the following changes were made:

1. Error Correction Decoder: Removal and replacement of 3 28-pin PROMS, those PROMS
labelled U6, U26 and U46.

2. Error Correction Encoder: Removal and replacement of 3 28-pin PROMS, those PROMS
labelled U6, U26 and U46.

Although these changes were not previously allowed, USADR respectfully requests the EIA to accept
these changes. USADR believes the following reasons justify allowing these changes.

332 South Mickigan Avenue . Suite 605 . Chicago, lllinois 60604
Phone. 312 . 987 . 4449 Fax. 312 . 427 . 9851 1-800-33-USADR



Tom Keller, EIA WGB
March 6, 1995
Page 2 of 2

Unimpaired audio codec performance is unaltered, significantly simplifying retesting.

A previous Proponent system change wags Tequested which did not impact unimpaired audio
codec performance, Thjg Proponent change wag accepted for similar reasons.

Retesting, for which USADR has already agreed to pay, has already beep scheduled and does
Not need to be altered.

Engineen'ng Manager

CC:

cC:

Ralph Justys
Electronic Industries Association
Consumer Electronics Group
2500 Wilson Blvd

Arlington, VA 22201-3 834

Dave Londa
EIA/DAR Test Laboratory
NASA-Lewis Research Center
21000 Brookpark Road

MS 542

Cleveland, OH 44135

e
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Appendix L — Laboratory RF, Audio and Composite
Stereo Distributions



EIA Digital Audio Radio Test Laboratory

Impairment: Gaussian Noise

Critical Material: Glockenspiel

By Pass Channel Simulator Configuration

Typical B-1 and B-2 HF and VHF Configuration

Desired
Pave; ... i
V Composite -48.58 dBm
Altenuator Digital Only dBm
BOONTON 4220 MCL ZFSC3-13
KAY 839 6 Way Splitter o |Pad e ih
Y 8.27 dB 41.56 dB
Altenuator - o Simulator Network MCL SAT -20-20-1
TELONIC o |Pave ...~ ;| Signal
o -7.02 dBm Composil
dBm Digital Only
MCL ZBSC-615 BOONTON 4220
Y
Modulation . 2 Way Splitter . ISpectrum ... .
- 3.55 dB o
BELAR MCL ZFSC-2.1W HP 85668
0dB Reference Noise
Noise Com __|Band Pass o |Pad o |Attenuator -41.31 dBm
T T 10 dB 16.50 dB TOA BOONTON 4220
NCUFX 7112 KITTILIMSM-SO/S0-T133A MCL -10 14,50 dB POF
WIENSCHELL (4B Reference Undesired
Undesired . |Attenuator _ |Pad _ A -40.64 dBm
o dB T o 63.75 dB TOA BOONTON 4220
PROPONENT KAY 839 McCL 63.75 PO¥
WIENSCHELL
/ Proponent Receiver
2 Way Splitter o |Attenuator |2 Way Splitter . |Desired . Noise - Undesired °
3.55 dB o 0.00 dB o 3.55 dB o -61.60 dBm -71.54 dBm -118.12 dBm
MCL ZFSC-2-1W KAY 839 MCL ZFSC-2-1W dBm
CALCULATED
o |Spectrum | o |Other RX .
o 1P 83668 o -61.60 dBm

File Name:RFSETUP.XLS Levels B-1 & B-2 Low

Page 1 of 8




EIA Digital Audio Radio Test Laboratory

Impairment: Gaussian Noise
Critical Material: Glockenspiel
By Pass Channel Simulator Configuration

Typleal B-1 and B-2 L and S Band Configuration

Desired
Pave v e
Y Composite -42.88 dBm
Atteniator vl Digital Only -42.88 dBm
BOONTON 4220
KAY 839 6 Way Splitter o {Pad .0
) 8.22 dB o 28.22 dB
Attenuator: " o Simulator Network MCL SAT -20-6-1
TELONIC  |Pave <+ | Signal
o -14.66 dBm Composite
-14.66 dBm Digital Only
MCL ZC6PD-1900W BOONTON 4220
o |Spectrum’ -
HP 8566B
0dB Reference. - ° - |Noise
Noise Com __[Band Pass _ |Pad __Attenuator -31.23 dBm
o o 11.25 dB ToA BOONTON 4220
NCUFX 7112 KI829.1470M4M-30/50.SMA MCL 8.75 dB POF
WIENSCHELL 0413 Reference Undesired
Undesired | Attenuator Pad At -40.64 dBm
o 63.75 dB TOA BOONTON 4220
PROPONENT KAY 839 MCL 63.75 POF
WIENSCHELL
/ Proponent Receiver
2 Way Splitter AL - [Desired Noise .. = . _ |Undesired -
3.69 dB 7.00 dB o -60.80 dBm +60.40 dBm -121.63 dBm
MCL ZFSC-2.2500 KAY 839
o |Spectrum I
o i aseen
Fite Name:RFSETUP.XLS Levels B-1 and B-2 High Page 2 of 8
{ 5 '\ H
l‘@vj&"" St




EIA Digital Audio Radio Test I.aboratory

Desired Proponent Typical B-3 VHF Configuration
Y
Attenuator
BOONTON 4220 BELAR MCL 2ZFSC-2-1W HP 85668
\ TR Modulation: -~ | [2WaySplit: _ [Spéctrum
Atténuator * .- Composite -7.00 dBm i 3.55 dB o
Digital -20.70 dBm : \
I RATIO= 1370 dB
6 Way Split
8.27 dB
_ |Pad o |SIM#1- . . |Pad |4 Way Comb
o 6 dB 23.35 dB 3dB T {__653dB
. _ |Pad L . . |Pad - -
o o 6 dB o o 3dB _ [pad i
HP11755C o 2 dB
_ [Pad Sl [sMm2 _ |Pad o MCL SAT-2
1 6d8 [ [ 2361dB o 3d3 o
L {Term o Term .
" |50 ohm 50 Ohm o
MCL ZBSC-615 HP11759C MCL ZFSC-4-1
Y
Pad Pad
6 dB 3 dB
I Amplifier ]
Undesired Attenuator . 2 Way Split MCL ZFSC-2-1W | 2510 o |Attenuator - - o [Pad il o
3.55 dB o dB i G TOA 30 dB T
KAY 839 63.75 dB POF MCL -20-10
Y MCL ZHL-3A WIENSCHELL
Pave
-1.56 dBm
f -22.06 dBm
BOONTON 4220
0dB Ref Noise
Noise Com _ |BandPass ~ __|Attenuator _ |Pad -41.10 dBm
o "] 1625 dB oA 10 dB BOONTON 4220
NC UFX 7112 K2777.94.1M-SM-S0/30.713J A 13.75 dB PO~ MCL .10
WIENSCHELL
Yy PROPONENT RECEIVER
2 Way Split o [Attenuator o |2 Way Split ;. . Noi Unde
3.55 dB " _loodB Tl 35548 122,05 dBm
MCL. 7F$C-2.1W KAY 839 MCL ZFSC-2.1W
Spectrum

HP 85668

File Name:RFSETUP.XLS Levels 8-3 Low Page 3 of 8




EIA Digital Audio Radio Test Laboratory

Desired - Typical B-3 L and S Band Configuration
Y
Attenuator -
KAY 839 BOONTON 4220 HP 85668
Pave’ Spectrum
Attenuator:”. Composite -14.47 dBm
Digital -14.47 dBm A
TELONIC A
6 Way Split - -
8.21 dB
. |Pad SIM #1 __ |Pad 4 Way Comb
o 6 di3 25.65 dB o 3 dB 6.42 dB
. o (Pad - .~ {Pad
o o 6 dB o 3dB . [Pad -
HP1F759C o 6 dB
o |Pad SIM. #2 o |Pad MCL SAT-§
o 6 dB T | 2591dB o 3dB MCL ZFL-2000
o jTem Term Signal Level
" [s00nm 50 Ohm #NUM|! dBm/Hz
MCL ZC6PD-1500W HPI1759C MCL ZA4PD-2
Y
Pad Pad
6 dB 3dB
A
Undesired Attenuator 2 Way Split {MCL ZFSC-2-2500 | Attenuator o |Pad o mb i
13.00 dB 3.69 dB 63.75 dB TOA 13 dB o 5.06 dB
KAY 839 63.75 dB POF McL A
\ WIENSCHELL MCL ZHL-1042}
Pave
-14.00 dBm
i BOONTON 4220
Noise Level
0dB Ref Noise #NUM! dBm/Hz
Noise Com __|Band Pass | Attenuator _ {Pad -31.15 dBm
o " { 1000 dB TOA BOONTON 4220
NCUFX 7112 K2819-1470MAM-90/30.5MA 8.00 dB POF MCL
WIENSCHELL
] PROPONENT RECEIVER
2 Way Split Attenuator _ [Desired i N LIAdesir
3.69 dB 10.00 dB " 16099 dBm | -59.90 dBm |-125.84 dBm
MCL ZFS5C-2500 KAY 839
Spectrum
IHP 85668
File Name:RFSETUP.XLS Levels B-3 High Page 4 of 8

1




EIA Digital Audio Radio Test Laboratory

Test: F-Series

Desired Analog RF Test Bed : CW Calibration
Characteristic Impedance: S0Q Unless indicated.
Desired Signal Loss from 6 Way Output to3 Way Input:  40.71 dB Loss #1
Y Analog Undesired Signal Loss from 2 Way Output to 3 Way Input: ~ 21.75 dB Loss #2
Attenuator Proponent Undesired Signal Loss from 2 Way Output to 3 Way Input: 47,68 dB Loss #3
BOONTON 4220 BELAR MCL ZFSC-2-1W HP 85668
Y Pave " : Modulation . -} 2 Way Split - __|spectrin
Attenuator- -8.14 dBm o 3.55 dB o
|
|
6 Way Split s -«
8.27 dB
_ (Pad. - _ |SIM#1 -, _ |Pad 14 Way Comb:. .-,
o 6 dB "1 _2335dB o 3dB T 1_653dB
. |Pad . _ |Pad ;
o 6 dB T . 3ds o Pad v
HP11759C o 2dB
_ [Pad - ISIM #2 . |Pad o MCL SAT-2
o 6 dB 23.61 dB o 3d8
o |Tem- . . Term .
" |50 ohm T 50 Ohm -48.85 dBm
MCL ZB5C-615 HP11759C MCL ZF5C-4-1
Y
|Pad Pad
{ 6 dB ' 3dB
A -55.25 dBm
Digital YL zFscan
Undesired __|Attenuator |2 Way Split MCL ZFSC-2.1W o |Attenuator - |3 Way Comb'i!
T T 35548 "1 d 1 _ooodB 40 dB 51348
KAY 839 / WIENSCHELL MCL -20-20 i
V MCL ZHL-3A B Remove 20 dB
Pave where necessary.
-7.57 d3m
' BOONTON 4220
Analog -63.00 dBm
Undesired __|Attenuator . |2 Way Spl't __|Attenuator _ |Pad
o T 35543 "~ |__0.00 dB o 10 dB
KAY 839 WIENSCHELL MCL -10
/ A
Pave
-41.25 d3m Y
‘ 2 Way Split L or - o |2 Way Split = . i Additional Loss
BOONTON 2220 3.55 dB 0.00 dB 3.55 dB -61.95 dBm Delco  6.00 dB
MCL 7F5C-2.1W KAY 839 MCL, 2FSC-2-1W Denon 0.35 d4i3
Panasonic  0.35 dB
o [Spectrum — | o [Term... Pioneer 035 dB
o |ve 8sssn " [s0 onm Ford  4.88 dB

File Name:RFSETUP.XLS Levels F-Series

Page 5 of 8




EIA Digital Audio Radio Test Laboratory

Test: H-Series

Desited Proponent RF Test Bed : CW Calibration
Characteristic Impedance: 50 Q Unless indicated.
Desired Signal Loss from 6 Way Output to 3 Way Input:  40.77 dB Loss #1
!} Boonton Undesired Signal Loss from 2 Way Output to 3 Way Input: 535 dB Loss #2
Attenuator Harris Undesired Signal Loss from 2 Way Output to 3 Way Input: 5.19 dB Loss #3
Undesired losses measured with 2 paths
BOONTON 4220 BELAR MCL 2FSC-2-1W HP 8566B on the undesired channe! simulator.
/ Pave: . - .- - Modulation . 2 Way Split __|Spectrum = For one path loss add additional 6 dB.
Attetiuator: -7.33 dBm - 3.55 dB o For three path loss subtract 3 dB.
A
A
6 Way. Split
8.27 dB
. |Pad . _ {SIM#l - . |Pad o |4 Way-Comb -
. 6 dB [ 233548 o 3dB T ]_653dB
o o |Pad . o |Pad o
o o 6 dB o 3 dB o o [Pad
HP11755¢C o 2 dB
_ |Pad. - . |SIM#2 . |Pad - MCL SAT-2
6 dB T | 2361 dB o 3dB
o |Term: o Term -
" |50 ohm 50 Ohm o -48.10 dBm
MCL ZBSC-615 HP11759C MCL ZFSC-4-1
/
Pad Pad
-7.23 dBm 6 dB 3 dB -12.58 dBm
A Amplifier
‘ el zFscan
Boonton o |2 Way Split o |2 Way Comb . |MCL zFsc-2-2500 o] 2510 o T - y.Cé
[ 3.55dB T L3554dB ! X o 30 dB 5.13 dB
Undesired A / WIENSCHELL MCL -20-10 i
Analog MCL ZHL-3A A Pad for Ist Adjacent
Harris - |2 Way Split
T 355dB
-7.26 dBm -12.45 dBm
0dB Ref Noise
Noise Com . {Band Pass _{Attenuator . |Pad -41.34 dBm
o o dB  |toA 10 dB BOONTON 4220
NCUFX 7112 KITT294.1M5M-50190.713IA dB POF MCL -t0
| WIENSCHEL
B
]
2 Way Split o |Attenuator - |2 Way Split Desired. {0
3.55 dB " 000dB 3.55 dB -61.14 dBm
MCI. ZF5C-2-1W KAY 839 MCL ZFSC-2-1W
o | Spectrum | OtherRX. : =
T 1P 8ssen -61.14 dBm

File Name:RFSETUP.XLS Levels H-Series
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EIA Digital Audio Radio Test Laboratory

IBOC Test: L-2 & L-3
Desired Proponent RF Test Bed : CW Calibration
Characteristic Impedance; 50Q Unless indicated.
IBOC Loss from 6 Way Output to Recciver:  39.27 dB Loss #1
\ Reference Loss from 2 Way Output to Receiver:  15.09 dB Loss #2
Attenuator
BOONTON 4220 BELAR MCL ZFSC-2-1W HP 85668
Y Pave. . Modulation - 2 Way Split o
Attenuator - -7.73 dBm - 3.55 dB o
1 |
|
6 Way Split o {Pad . o |Att or
8.27 dB o 21 dB ~{__600dB
WIENSCHELL
4 Way Comb .~ B
6.53 dB
SIM #1
. _ 1Pad - _ ] 2335dB . {Pad .
o o 6 dB o o 3dB o Jfpad o [Tem
HP11755C T 2dB " {50 0hm
_ |Pad . _|SIM #2 . |Pad - MCL SAT-2
o 6 dB "] 2361 ¢B o 3 dB o
. |Term . Term o
" |50 Ohm T 50 Ohm
MCL ZBSC-615 HP11759C ) MCL ZF5C-4-1
Term . 'Tmn -30.20 dBm
[s0 onm_| " 50 Ohm
-31.93 dBm
WcL zrscs-n
Boonton |2 Way Split A . _ [Pad-i _ [3Way Comb : &
[ 35548 37548 " [ 2000 1 5134
Analog WIENSCHELL \
Used to calculate attenuator settings Reference A
1IBOC Term
Power L Attn 50 Ohm
dBm B
-6.51 3449 6.00
Signal Level
Analog Reference -47.00 dBm
Power 1L Attn Set to -77 dBm for Weak Calculations
-9.67 A
-20dB  -29.67 13.60  3.73 Analog
Y Additional Loss
2 Way Spkt __{Attenuator |2 Way Split - _ |Referendes. < JIBOC Delco 6.00 dB
3.55 dB 0.00 dB o 3.55 dB " | -47.02 dBm 47.00 dBm_ |Actual Denon 0.35 dB
N CL ZFSC-2.IW KAY 839 MCI. ZFSC.2-1W -45.53 dBm -42.22 dBm  |CW Panasonic 0.35 dB
Pioneer 035 di3
- Spectrum . [Other RX Ford 488 dB
1P 85668 " [ 47.02 dBm
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EIA Digital Audio Radio Test Laboratory

1IBOC AralogRef.- .. i Test: L-4
dBm Power (dBm) Attenuation (dB)
Analog Reference -8.67 0.00
AT&T / Amati DSB -8.64 4.00
Y AT&T / Amati LSB -8.70 3.90
Attenuator:. ... Atenuator - v USA Digital Radio FM1 -8.63 2.40
dBm dBm USA Digital Radio FM2 -8.64 5.60
Y Y
Attenuator - s Attenuator .
63.75 dB 0 dB
WIENSCHELL WIENSCHELL
B A
MCL ZFSC-2-1W BOONTON 4220 BELAR MCL ZFSC-2-1W HP 8566B
_ |2Way Comb - . Pave Modulation . . &
o 3.55 dB i Composite -8.67 dBm I
dBm
A
6 Way Split
8.27 dB
o _ |pad B _ISIM# oL _ fPadi-
o 6 dB o 23.55 dB o
. |Pad . _ [Pad . e o
o 6 dB o o 3 dB o
. |Pad : _ISIM#2. _
Additional Loss T 6 dB o 24.35 dB
Delco 6.00 dB
Denon 0.35 dB o {Term Term . -
Panasonic 0.35 dB T 50q 500 T -
Pioneer 035 dB MCL ZBSC-615
Ford 488 dB .
Receiver . Transformer .
4775 dBm - 750 {soq -
Pad L
Dummy Antenna 30.00 dB
Weak Signal Only
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Fia 4 DAT #1 LEFT
ANALOG
FiS 4 RIGHT|
PLAY

F20
F21

S0 E1_FJ S2

LN OUT |

—S_L__QEZ_B_S___j}_

DAT LEFT
RIGHT|

QUT.

»3
ANALOG

£18
EL9

OAT #4 LEFT
ANARLOG
RIGHT|

— QUT |

AUDIO
DISTRIBUTION
AMP #X LEFT

62 | 2r 8 2 4 ORBAN B200
44T> FH4 AUDIO
63 E8_Fg PROCESSOR #2

58 SEE FS 2 [-s] ! ORBAN
AM AUDIO
S9, E6__F¢€ (-3} PROCESSOR #1

€20
E21

ANALOG TO DIGITAL
H CONVERTER %1

DENON CD
CART

TiL
I12

AUDIO
DISTRIBUTION
AMP #2 RIGHT

a £3 _F3 ORBAN 8200
Z“—Ei““‘ FM_AUDIO
55 £ Fq_ 57 PROCESSOR #1

SCREEN BOX
CRADTOD

113
I14

DENON
RECEIVER
NAB

€10 F10 2 CE 20004
FM AUDIO
134 E11 F1L PROCESSOR #3

El6

AT>E17

PIONEER

BT e —

DENON
TU 380 RO

ILH—E_——Z;
213 14_Ja 73
7

INTERFACE

B 7

PORTABEL

—— T

OPEN

e m— ey e

FM BELAR
STEREO AUDIO
MONITOR

R WYY GEr—

DIGITAL TO
ANALOG

CONVERER #2
(PLAY DAT)

jtgﬁg_—j:

DIGITAL TO
ANALOG

CONVERTER #1
COTGITAL SWITCH)

STAX LAMBDA
DRIVER #i

!

[

HEADPHONES

STAX LAMBDA
DRIVER #2

i |

STAX LAMBDA
DIFFUSEE;IELD

EQUILIZ

L]

SPEAKERS

i

29 i>§1§ Hi18 2 191 gEgE?FIER 1
N\ C{SOUND BOOTH)D
102 VL
PR s G - S
AN CLAB)
106 G231 H23
> AUDIO
10?7 G622 H22 ¢ 109 PRECISION
140 G23 H23 112 DAT #2 LEFT
115 >$_25_ﬂ23_< 113 QNQLOGRIGHT
RECORD ou
T

E12
E13
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DIGITAL SWITCH

AYEY/AMAYY 14
ATar o3 AES\EBU
O-I IN .C_L__D_.I._>__O.2_
JPLAVOA b2 DAT &1 AES\EBU _‘QA—< pAta G2 D2
WORD SYi PLAY ouT e <TORDSYRCIUT ¥ | 15TRIBUTION T E
=Y ZYNC &1 ’ Yy A8l
bio a2 B2 JPLAVOA
6 Az_p3 atar
Ly EYRETSUY SONY AES\EBU c1
B=YBYRE " oUY CoF 2700 out ——< AS _BS AT&T /AMATI .
AG__B6 USADR=FM1 *
49 M1
ADR-FM2 M2
us ANALOG TO DIGITAL c17? o3
USADR-FM1 M3 N1 CONVERTER #1
Ha
DATA A7 B7 USADR-FM2
NS DISTRIBUTION
AP 120128 4
HORE  BYNE 60T DENON €D e — 2 *2 13 012X oPEN DIGITAL
10 ANALOG
£14 D14 EgNVERTER
ox7> AUDXO PRECISION 19 ENCODER . INPUTS
ORBAN 8200
FH_AUD
PROCESSOR #2
ORBAN 8200
FH_AUDIO
PROCESSOR #1
L CPROPONENTY |
| N-viszON pata e
BESSEBT IR >————— NPk RATE ﬂz;_e_z;_>__x;5_ DISTRIBUTION
(EORD SYRE GUT#5 >~ | CONVERTER o A4 B4 a USADR=AM DAC INPUT
ne_pe 4 USADR~AM MUSICAM INPUT

t 116
N A20 B20 [324] DIGITAL 43 €4 D4 42 DATA
i SHITCH DISTRIBUTION DAT &2 AES\EBU
UTPUT A9 AMP out
F N

€6 06 C1-]
REFERE 2 10 x 2 3 Le _pg RECORD
Ajg Bl A8 cr _or 49 I_
- 4 £2._09

]

USARDR~FM2 ALl7 B1? A7
USADR-FML AL6 Bl6 3 23S 3
CONVERTER
AT&T /AMATI AlS BlS AsS *1
L SQIGITAL SWITCHD |

USADR~AM GICH:-FER A4
ATEY 4 R13 B3 A3 EIR Digital Audio Radio Test Laboratorw
voa AL2 D2 A2 NASA Leuwis Research Center

Communications Sustem Sranch

4

EUREKA 147 All el AL 21000 Brookpark Road MS S4-~2

Cleveland, OH 44135
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L1y NPUT

ORBAN 820C
FM AUDIO
PROCESSOR #1

ORBAN_ B820Q
FHM AUDIO
PROCESSOR #2

K12 A_INPUT

CE 20004
FH¥ AUOIO
PROCESSOR #3

CRL 67KHMz SCA OUT

ABCeemrenirreeenniannn

CRL 92KHz SCA 0OUT

SEIKO
DIGITAL 66.5 KHz

RES33
RDS

MAIN STREARH
DIGITAL 92 KHz

KL L1 AT&T/AMATI
K2 L2 L FMi/FM2
ANSLOG. . REEERENCE . ...
K3 L3 N\ REFERENCE
K4 L4 <
KS LS COMP IN
< HARRIS #1
K6 L? SCA IN#1 THE~1
XCITER

[X:] SCA IN#2

K7
/
SCA HIXER
M

SCA w1

<A coMP+SCA OUT _—<
K8 SCA 2

SGA 3

cA_#4q

SCA GROUP OUT
K9 >
K10
NOTE:

K11

ALL CABLES 75 OHM UNLESS

INDICATED.

Cleveland, OH 4413S
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EIA Digital Audio Radio Test Laboratory

SCA Generator SCA GROUP LEGEND
STKHZ RDS A B C
SCA Generator 57.0KHz @ 3% 57KHz @ 10%
66.5KHz Digital 66.5KHz @ 8.5% 67KHz @ 10% 67KHz @ 10%
SCA Generator 92.0KHz @ 8.5% 92KHz @ 10%
67KHz Analog
SCA Generator
92KHz Analog
DESIRED PATH
Orban 8200 SCA Mixer Harris THE-1 Combiner
Denon CD #2 L o |In(X4) Comp. + SCAs RF Attenuation RIF To Receiver
R Group B (Fixed) B -62dBm
AES/EBU __ Dig C|_Comp. Stereo SCA Group
Harp o T A
Orban operated in either;
Signal gencrator mode: Objective Meas,
Normal operating mode: Subjectiva Tests
UNDESIRED PATH
Cutting Edge 2000i PROPONENT
A.P. Audio Gen. . [scA C{ Comp. +SCAs Analog
' : L R Attenuation
R| Analog . R - Digital (Variable)
Pink Noise
Pana. DAT #4 Sony DAT #1
ALSEBU
R| Analog
ABBA Jumes Taylor

File Name:BLOCKDIA.XLS F&G Trans Block
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EIA Digital Audio Radio Test Laboratory

Listening Booth
Test Receiver oL 4 Denon Amplifier
Antenra #1 2v _ R 4 Patch Panel L
o Dummy o . L| Analog Audio o Listening
Auto Radio
Interface - |R R| Analog Audio . R
Test Receiver L 40
__ | Antenna #s 2v - 40
Dummy Sony DAT #2
Note: Only one receiver installed and tested at a time Record
RF Test Bed .
Test Receiver : Videotck Amplifier :
#2 L| In Out! L
——»41 :——»
! |
RE _ |soq 750 . | TestReceiver 1 . 1 L
Lot _— "o 1
Trans. "3 | Videotek Amplifier i Analog Audio
I §
R| tIn Outy R R
Test Receiver 1 h
#4 : For recordings only JI
Screen Box
———————————
Audio Precision Analyzer
R
s}
S/N Ratio L 15.5KHz
-t : |t
Low Pass Filter

File Name:BLOCKDIA.XLS F & G Rec. Block



EIA Digital Audio Radio Test Laboratory

SCA Generator SCA GROUP LEGEND
STKHZ RDS A B C
SCA Generator 57.0KHz @ 3% STKHz @ 10%
66.5KHz Digital 66.5KHz @ 8.5% 67KHz @ 10% 67KHz @ 10%
SCA Generator 92.0KHz @ 8.5% 92KHz @ 10%
67KHz Analog SCA Mixer
SCA Generator In(X 4)
92KHz Analog Group 0, Aor B
SCA Generator SCA Group
92KHz Digital
UNDESIRED PATH
A.P. Audio Gen, Cutting Edge 2000i Harris THE-1 Combiner
_[sCA Cj Comp. + SCAs . . REF Attenuation o RF To Receiver
| o (Variable) -62dBm
R{ Analog _ |R
Pink Noise A
) DESIRED PATH
Pana. DAT #4 Orban 8200 PROPONENT
.|t C Comp. o Analog
Analog - |R R Attenuation
ABBA Dig o Digital (Fixed)
Sony DAT #1
AESEBU

Glockenspiel

{

Hé&ITrans Block

\




RF Test Bed

R

File Name:BLOCKDIA.XLS

PROPONENT
RECEIVER

AESEBU

EIA Digital Audio Radio Test Laboratory

Digital Switch

ALSEBU

Y

Nvision

Listening Booth

Denon Amplifier

H & ! Rec Block

Y

L . {L
Listening
D/A Converter Analog
R _ IR
Sony DAT #2
Record
Distribution Amplifier ALSIEBU




EIA Digital Audio Radio Test Laboratory

Comp. + SCAs

SCA GROUP LEGEND
A B C
57.0KHz @ 3% 57KHz @ 10%
66.5KHz @8.5% | 67KHz@10% | 67KHz@ 10%
92.0KHz @ 8.5% 92KHz @ 10%

SCA Generator
57KHZ RDS
SCA Generator
66.5KHz Digital
SCA Generator
67KHz Analog
SCA Generator
92KHz Analog
Sony DAT #1 Orban 8200 SCA Mixer
L . mxa
R o Group 0, Aor B
ALESEBU . |Dig C| Comp. Stereo .
Harp/ABBA/Female o
Orban operated in either;
Signal generator mode: Objective Meas.
Normal operating mode: Subjective Tests
Sony CD#1 ,
ALS/EBU
ABBA

File Namg:BLOCKDIA.XLS

S,

L Trans Block

Kv.wﬁ’ !

Harris THE-1
. R
PROPONENT
Analog RE
E——— e .
- Digital

Test Bed

Attenuation

R To Receiver

-47dBm / -77dBm

JET




EIA Digital Audio Radio Test Laboratory

Listening Booth
Test Receiver _ L 40 Denon Amplifier
| Antenna #l 2v R 40 Patch Panel L
T Dummy 2 L| Analog Audio . Listening
Auto Radio
Interface R R| Analog Audio . R
Test Receiver L 40
| Antenna 45 2V _ [R 4Q
Dummy Sony DAT #2
Note: Only ore recciver installed and tested at a time Record
RF Test Bed a _
Test Receiver : Videotek Amplifier :
#2 L !In Out! L
-——b—: :—-—»
| 1
RF 500 750 ] Test Receiver 1 ! L
- B— e —— e —— 1
Trans. #3 I Videotek Amplifier | Analog Audio
1 |
R tln Out) R R
Test Receiver ! I
44 : For recordings only JI
Screen Box
—]

Audio Precision Analyzer

$/N Razio L 15.5KHz

Low Pass Filter
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EIA Digital Audio Radio Test Laboratory

SCA Generator SCA GROUP LEGEND
S7TKHZ RDS A B C D
SCA Generator 57.0KHz @ 3% S7KHz @ 10%
66.5KHz Digital SCA Mixer 66.5KHz @ 8.5% 67KHz @ 10% 67KHz @ 10%
Audio Generator __|SCA Generator (x4 92.0KHz @ 8.5% 92KHz @ 10% 92KHz @ 10%
400Hz " |67KHz Analog "] GrowpAorB :
Audio Generator _|SCA Generator SCA Group
1KHz " |o2kHz Analog
Note: SCA Mixer group
SCA Generator or 92KHz Digital
92K Hz Digital Harris THE-1
. |C RF
Pana. DAT #4 Orban 8200
o [SCA C Test Bed RI° To Receiver
L : L Attenuation -47dBm
R| Analog ~ IR PROPONENT
ABBA ' o Analog RE
Orban operated in gither;
Signal generator mode: Objective Meas. . Digital
Nommal operating mode: Subjective Tasts o
Sony DAT #1
AES/EBU

James Taylor
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RF Test Bed

RI

EJA Digital Audio Radio Test Laboratory

File Name:BLOCKDIA.XLS

8dB

Pad

2 way 5002 750 751 4 way splitter
Transformer

o SCA Receiver RPA
Seiko Annlyzer
. SCA Recciver
Mainstream
. SCA Receiver Clock & Data . Computer
Denon #2 RDS Checkup
Screen Box Audio Patch Panel
. SCA Receiver oL .
Analog 67KHz
. SCA Receiver . R
Analog 92KHz .

Denon Amplifier

Listening

(-47dBm 10 Receivers)

L (SCAs) Rec. Block

Audio Precision Analyzer
L (67Khz audio quality)
S/N Ratio
R (92KHz audio quality)




EIA Digital Audio Radio Test Laboratory

SCA Generator
STKHZ RDS

SCA Generator

SCA Group

66.5KHz Digital SCA M-xer
SCA Generator . L fInX4
67KHz Analog T Group A er B
SCA Generator
92KHz Analog

Note: Either 92KHz Digital or
SCA Generator

92K Hz Digital

SCA group cennected to switch

Groups 0, A, B, or D

o m—m———
IRem. Switch

1 on/off

o

A.P. Audio Gen.

Cutting Edge 2000i

SCA C

Pink Noise

Composire

Rem. Switch
-

L
Analog R

Y

Sony DAT #1

Glockenspiel

AENEBY

on/off

SCA GROUP LEGEND
A B C D
57.0KHz @ 3% 57KHz @ 10%
66.5KHz @8.5% | 67KHz@ 10% | 67KHz @ 10%
92.0KHz @ 8.5% 92KHz @ 10% | 92KHz @ 10%

Note: One remote control switch was used for

either SCA switching or composite switching

Combiner

PROPONENT
o Analog
o RE Attenuation .
o Digital (Fixed)

Noise Generator

File Name:BLOCKDIA.XLS

%ew*/

Attenuation

(Variable)

RF To Receiver
-62dBm /-77dBm

M Trans Block

—y

-
Remote Control

Fram Bonth




RF Test Bed

Rl
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PROPONENT
RECEIVER

ALSEBU
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Digital Switch

ALSERU

__ |Distribution Amplifier

D/A Converter

Listening Booth
Denon Amplifier
L
Listening
Analog
R
Sony DAT #2
Record
ALSEBU

Nvision

M Rec Block
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Listening Booth Denon
CD Cart
-
Record DAT
Start 1D Write Simulator
(Tape Duplication) Keyboard . Computer
- -}
“ Parallel
Play DAT
Start 1D HP
RF Channel .
Simulator ‘
A
Y
 Trigger Dub
Remote Audio Switching o
Controller TKSB e
Comral . e
’ RF Attenuators
-
Y -
Mouse
. Booth Test Bed
Computer Computer IELE
. RS 232
X -t - -
Attenuator /Audio
Countrol / Sequencer
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Listening Booth
Record DAT
| : Simulator
! Keyboard o Computer .
-
“ Parallel
Play DAT
Start 1D HP
RF Channel
-t
Simulator
Trigger
Remote Audio Switching -
Controller -
Control ne
) RF Aftenuators .
Mouse
. Booth Test Bed
Computer Computer IELL
RS 232
- - -
Attenuator /Audio o
Control / Sequencer
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