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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.



NRSC-R50

Appendix A — System Descriptions















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

402 —NAB 1994 Broadcast Engineering Conference Proceedings

REFERENCES

[1] J.M. Cioffi & J.A.C. Bingham, "Digital Sound

Broadcast with Auxiliary Overhead Control”, Proceedings

47th Annual NAB Broadcast Engineering Conference, p.

243, April 1993.

{2] J.A.C. Bingham, "AT&T/Amati's Proposal for DAR in

the USA", p. 87, Proceedings SBE Engineering

Conference, Oct. 1993.

(3] J.AC. Bingham "In-Band Digital Audio Radio: an

Update on the AT&T/Amatl PAC/DMT Solution™, 2nd

Intl. Symp. for DAB, Toronto, March, 1994,

4] J.A.C. Bingham "Multicarrier Modulation: an
idea whose time has come." IEEE Communications
Magazine, pp. 5-14, vol. 28, No. 5, May 1990.

[5] N.S.Jayant, "The AT&T IBAC DAR System:an

Update”, Proceedings 48th Annual NAB Broadcast

Engineering Conference, March, 1994



_s.dB. \ ........... -,,. .:. .\ ............
\ ' N .
) \ . / . \ . .

. . ~ . . / . \ . .
VA N L, FM . :
........ 2nd adj.|... B 2

.| pAR |-| DAR |; : \[Dar |%°
i : i RN ‘ st |
f, - 400 : fofy  fohy fe fotfy  fothy
1 (d): first adjacent )
............... E............/.-._‘...‘........:OdB
6dB- - - - - N Lttt /. R IR SR B N .
/7 A\ / N
/ \ p . \
/ \ p FM N
........ 7 1's:tMadj \l\ —— .25 dB
/ \ LG\ LDAR D
“B1dB - ¢ - e e e e e e e e e e e A —— e
31dB B N /’ﬁ%{—:] i [USL I
f5-200 DARC ™ fify  fotb

1 (b): second adjacent
Figure 1. Interference from adjacent channels

NAB 1994 Broadcast Engineering Conference Proceedings—403



AT&T-DAR Systems
Ed Chen and Nikil Jayant

NAB Conference and Exposition, April 1995
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Perceptual Audio Coding (PAC)

Refined psychoacoustic models for:

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

Joint coding of multiple channels (in 2-and 5-channel audio)
Transmission error concealment

Inexpensive single-chip decoder

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

AT&T-Internal Results (1992-93)
PAC: CD-Quality 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.





