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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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Refined psychoacoustic models for:

Frequency-domain and time-domain noise-masking
Dynamic switching between short and long analysis windows

Joint coding of multiple channels (in 2-and 5-channel audio)
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Perceptual Audio Coding (PAC):
Non-Simultancous (Time-Domain) Noise-Masking
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° dB

= 40

L

8 20 Masker

& : —— -
L 1 1 2 L

050 0 50 100 150ms 0 50  100ms 150 200

Time Aller Masker Onscl Delay Time

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.















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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