Appendix B
FM Hybrid IBOC DAB System Description

1. System Overview

IBOC technology provides a means of introducing digita audio broadcasting (“DAB”) without
the need for new spectrum dlocations for the digitd sgnd. USADR's FM hybrid mode dlows the
dation to smultaneoudy broadcast the same programming in andog and digita. Although the levd of
the digitd 9gnd in the hybrid mode must be limited to accommodeate the andog broadcadt, the hybrid
system will Hill afford an upgrade over exising andog service by providing enhanced audio fiddity,
improved sgnd robustness, and expanded auxiliary services.

1.1. FEM Hybrid IBOC Waveform

The FM hybrid IBOC spectrum is shown in Figure B-1. Low-leve digital sidebands are added
to each sde of the andog signd. The bandwidth is limited to +200 kHz from the center frequency.
USADR has conducted smulations, analyses, |aboratory compatibility tests, and field tests which verify
that retricting the digital subcarriers to the 70-kHz regions between 129 and 199 kHz from the center
frequency on either sde of the andog spectrum minimizes interference to the analog host and adjacent
channels without exceeding the existing FCC spectrd mask. This bandwidth is wide enough to support
arobust hybrid IBOC sarvice with virtua CD-qudity audio that mirrors the coverage of existing andog
radio stations.*

The dud-sdeband structure enables the use of frequency diversity to further combat the effects
of multipath fading and interference. The basdine hybrid sysem smultaneoudy transmits 96 kbps of
eror-protected digitd audio information, plus auxiliary services, on each DAB sdeband. Each
sgdeband has dl the information and thus can sand done. However, when nether sSdeband is
corrupted, advanced FEC coding techniques adlow the combination of both sidebands to provide
additiond sgnd power and coding gain.

Figure B-2 shows a scenario in which adesired hybrid IBOC signd and an upper first-adjacent
hybrid IBOC interferer can co-exist. The figure shows that there is no interference between the hybrid
digital Sdebands. However, the analog portion of the first adjacent hybrid sgna may interfere with the
upper digital sdeband of the desired hybrid sgnd. In an effort to reduce analog interference to the
digita sdebands, USADR has developed a technique known as First Adjacent Cancdllation (“FAC”).
In addition, the use of frequency diversty and advanced FEC coding techniques further improves
performance of the desired digitd sgna under these conditions?

! Refer to the USADR field test results detailed in A ppendix H.

Refer to the USADR laboratory performance test results detailed in Appendix C.
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FigureB-1- FM Hybrid IBOC Power Spectral Density
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Figure B-2 - Hybrid First-Adjacent I nterference Scenario

Sysem Design

The USADR FM hybrid IBOC DAB system is comprised of four basc components. the
modem, which modulates and demodulates the sgnd; the codec, which source encodes and decodes
the audio source signd; forward error correction (“FEC”) coding and interleaving; and blending. All of
these core functiond areas have been designed and integrated to produce an FM hybrid IBOC DAB
system of superior qudity.

2.1. Modulation Technique

USADR evduated severd modulation techniques for its FM IBOC DAB system before
secting Quadrature Phase Shift Keying (“QPSK™).

QPSK affords robust performance while
providing sufficient throughput for virtua CD-qudity digita audio. It permits the use of advanced FEC
coding techniques which exploit knowledge of the non-uniform interference environment. QPSK isaso
ampler and more robugt than higher-order forms of modulation, especidly in a multipath environment.
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Since QPSK has a bandwidth efficiency of two hits per second per Hertz, it supports an information bit
rate that is sufficient for transmisson of virtud CD-qudity audio in the bandwidth avalladle.

USADR compared multi-carrier versus single-carrier gpproaches to tranamit the digitd sgnd,
and chose a multi-carrier gpproach caled Orthogona Frequency Divison Multiplexing (*OFDM”).
OFDM is a scheme in which many QPSK-modulated subcarriers can be frequency-divison multiplexed
in an orthogond fashion such that each subcarrier does not interfere with its adjacent subcarriers.
OFDM offersahigh leve of robustnessin amultipath channdl.

When combined with FEC coding and interleaving, the digita sgnd’s robustness is further
enhanced. The OFDM dructure naturaly supports FEC coding techniques that maximize performance
in the non-uniform interference environment. The most important coded bits can modulate OFDM
cariersthat are located in the most protected regions of the channel.

2.2.  Source Coding

CD digitd audio has a data rate of 1.4112 Mbps (44,100 16-bit samples per second, for left
and right channels). The FM channd bandwidth does not have the capacity to support a sufficiently
high data rate to provide uncompressed CD-qudity audio. As a result, an audio codec (coder-
decoder) compression technique must be employed. The audio codec is a source-encoding device that
removes redundant information from a digital audio sgnd in order to reduce the bit rate, and hence the
bandwidth required to tranamit the sgnd. The codec must perform this information rate compresson
while preventing the generation of perceptible artifacts.

USADR uses the AAC codec inits IBOC DAB system. The AAC codec compresses the CD
bit stream to 96 kbps, delivering audio that the listener will perceive to be virtudly the same qudity asa
CD. Use of the AAC codec meets the raw throughput requirements of the modulation and FEC coding
techniques. Also, specia error concealment techniques employed by the codec help to ensure graceful
degradation of the received digitd signd for operation in animpaired channel. In addition to its ability to
meet the USADR system’s audio compression requirements, AAC offers the advantage of being an
open system based on the MPEG family of 1SO standards.

AAC is the latest MPEG standard on perceptua audio coding and is part of the world-wide
MPEG family of audio and video standards.®> Much of the work on AAC was done by Fraunhofer,
AT&T, Dolby Labs, and Sony, dl leading experts in audio compression technology. It builds upon the
exiging MPEG Layer-3 sandard by further optimizing coding efficiency.

MPEG is the Moving Pictures Expert Group, working under the joint direction of the International Standards
Organization (“ISO") and the International Electro-Technical Commission (“IEC”). Its main goal is the
standardization of audio and video coding schemes. MPEG AAC was standardized as 1SO 13818-7 in April
1997.
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AAC is a very flexible coding scheme, supporting data rates above 8kbps. It can encode
mono and stereo input data, as well as multichanng data (up to 48 channels). It is used for a wide
range of gpplications, from internet audio to multichannd surround sound.  The high coding efficiency
makes AAC attractive, especidly for gpplications with very high qudity demands or very limited
transmisson bandwidth.* Even though the basic structure of AAC is similar to previous audio coding
techniques, including the commonly used MPEG Layer 3, AAC contains numerous innovations which
are particularly helpful for the implementation of DAB. The crucid differences between MPEG AAC
and its predecessor MPEG Layer-3 are asfollows:

Filter Bank: In contrast to the hybrid filter bank of MPEG Layer-3, which was chosen
for reasons of compatibility but ultimately displayed certain Structurd weaknesses,
MPEG AAC uses a plain Modified Discrete Cosine Transform (“MDCT”). Together
with the increased window length (2048 ingstead of 1152 lines per transformétion), the
MDCT outperforms the filter banks used in previous coding methods.

Temporal Noise Shaping (“* TNS’): A true novelty in the area of timeffrequency
coding schemes, TNS shapes the distribution of quantization noise in time by prediction
in the frequency doman. Voice dgnds in paticular experience condderable
improvement through TNS.

Prediction: Thisis atechnique commonly used in the area of speech coding systems.
It benefits from the fact that a certain type of audio signd is easy to predict.

Quantization: By dlowing finer control of quantization resolution, the given bit rate can
be used more efficiently.

Bit-Sream Format: The information to be transmitted undergoes entropy coding in
order to keep redundancy as low as possible. The optimization of these coding
methods, together with a flexible bit-stream structure, has made further improvement of
the coding efficiency possible.

During the standardization process, MPEG performed numerous listening tests to assess the
audio qudity of AAC. It is difficult to specify audio-coded performance in terms of traditiona audio
measurement techniques such as frequency response, distortion, and dynamic range; therefore, audio
codecs are psychoacoudticaly compared againgt a CD reference.  In these double blind tests, human
testers are given the opportunity to compare compressed and non-compressed segments of the same
sdlection and make judgments as to the qudity of the compressed segment. In tests designed to
replicate the worst case signals, the AAC codec at 96 kpbs has proven to be dmogt indistinguishable
from the origind sdection. For the mogt extreme cases, the difference in the compressed sgnd is
audible, but not congdered a mgjor issue for listeners. These tests use what is essentidly a short audio
clip played over and over to train the listener. In other words, while listening to 96 kbps AAC-encoded

4 AAC has been chosen as the audio coding standard for the Japanese HDTV system, which will be
introduced in 2000.
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audio with high qudity headsets, the average listener will not be able to distinguish between it and the
origind CD unless a short music selection is played over and over from both the CD and AAC (i.e,, the
listener is trained). Because typicd radio listeners will never lisen to IBOC DAB under such prigtine
lab conditions with studio quality headsets and amplifiers, 96 kbps AAC will be perceived by typica
ligenersas“virtudly” the sameasaCD.®

2.3. FEC Coding and Interleaving

Forward error correction and interleaving greetly improve the rdiability of the transmitted
information. Advanced FEC coding techniques exploit the non-uniform nature of the interference.
Specid interleaving techniques spread burst errors over time and frequency to assist the FEC decoder
in its decison-making process. The combination of these advanced FEC coding and interleaving
techniques, together with superior modem performance, alow the IBOC system to robustly deliver, ina
mobile environment, virtua CD-qudity audio with coverage comparable to existing andog service.

24. Bled

The USADR system employs time diversity between two independent transmissions of the same
audio source to provide robust reception during outages typical of a mobile environment. In addition,
rather than abruptly muting, the blend function alows graceful degradetion of the digitd sgnd as the
receiver nears the edge of a dtation’s coverage. The FM hybrid IBOC DAB system provides this
cgpability by delaying the andog transmisson by a fixed time offset (severa seconds) rdative to the
digita audio transmisson. When the primary digitd sgnd is corrupted, the receiver blends to the
backup anadlog audio which, by virtue of its time diversity with the digita sgnal, does not experience the
outage.

The blend feature dso provides a means of quickly acquiring the sgnd upon tuning or re-
acquistion. Without blend, a digita receiver would incur a sgnificant delay after tuning to a sation
before the listener hears the audio. The blend feature will dlow the recelver to ingtantaneoudy acquire
the andog sgnd. This dlows the ligtener to hear the sdection while the receiver is acquiring the digita
ggnd. After acquigtion, the receiver then blends to the digital Sgndl.

Figure B-3 graphicaly depicts the blend-with-time-diversity process. The top part of the figure
shows that, for the transmitted sgnd, the analog backup portion is deayed relative to the primary digita
portion. Thisdelay at the transmitter provides the time diversity as the signd travels through the channdl.
The top part of the figure aso shows an impairment that prevents recovery of sections 6 and 7 of the
digita sgnd. Theimparment aso interferes with sections 2 and 3 of the analog backup sgndl.

5

Refer to Appendix G for an audio quality assessment of AAC.
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Figure B-3 - Blend with Time Diversity

The bottom part of Figure B-3 shows the recaived dgnd. At the recaiver, the digitd sgnd is
delayed reldive to the andog backup, and the signals are time-digned. Part of the delay is due to the
processing required to recover the digitd sgnd, and the remainder of the delay can be implemented
directly.

As shown in the bottom part of Figure B-3, sections 1-5 of the digita signa are recovered.
Sections 6 and 7 of the digital sgnd will be marked as non-recoverable by the receiver. However,
because of the time-diveraty, sections 6 and 7 of the analog signd are not affected by the impairment,
and the recaiver can smoothly blend to anadlog, with the blend beginning during section 5. When the
digitd sgnd can be recovered again, the receiver can smoothly blend back to digitd.

For anillugraion of USADR' stime-diversity blend, refer to the audio files on the CD submitted
as acompanion to this gppendix.

3. Signd FHow
3.1. FM Tranamitter Sgnd How

A functiond block diagram of an FM hybrid IBOC transmitter is presented in Figure B-4. The
sampled stereo audio source feeds both the andog and digitd sgnd generation paths. A diveraty delay
is introduced in the andog path for blend purposes. In the power combiner method shown here, the
andog audio is processed within the exciter just as an existing andog FM sgnd would be, prior to
amplification by the high power amplifier (“HPA”).

The DAB path first source encodes the audio signa in the audio encoder. The audio encoder
removes redundant information from the audio sgnd to reduce the bit rate, and hence the bandwidth
required to tranamit the sgnd. To ensure that the communication of information through the fading
channd is robust, the compressed bit stream is then passed through the FEC coding and interleaving
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function. The resulting bit stream is packaged into a modem frame and QPSK and OFDM modulated
to produce the DAB baseband signal. This baseband signal is upconverted and amplified before being
power combined with the analog signdl.®
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FigureB-4 - FM Hybrid IBOC Transmitter Functional Block Diagram

3.2. KM Receiver Sgna How

A functiond block diagram of an FM hybrid IBOC recaiver is presented in Figure B-5. The
sgnd is recaived by the antenna, passed through an RF front end, and mixed to an intermediate
frequency (“1F’), asin existing andog receivers. Unlike typicd andog receivers, however, the sgnd is
then digitized a IF, and digitally down-converted to produce in-phase and quadrature baseband
components. The hybrid sgnd is then separated into an andog FM component and a DAB
component. The andog FM dereo sgnd is digitdly demodulated and de-multiplexed by the FM
receiver to produce a sampled, stereo audio signal.

6 Details such as datainsertion and FM/DAB blend synchronization have been omitted here for simplicity.
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The baseband DAB sgnd is first sent to the modem, where it is processed by the FAC to
suppress interference from potentia firg-adjacent andog FM dgnds. The sgnd is then OFDM
demodulated, deframed, and passed to the FEC decoding and de-interleaving function. The resulting
bit stream is processed by the codec function to decompress the source-encoded digitd audio sgnd.
This DAB dereo audio signd is then passed to the blend function.
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Figure B-5- FM Hybrid IBOC Receiver Functional Block Diagram

4. Hexibility and Auxiliary Services

The FM IBOC DAB system, as a digital medium, essentidly provides a bit stream. Since a
given hit in the stream can be devoted to audio, data, or parity, tradeoffs among robustness, data
throughput, and audio quality must be performed to produce a system which is optima for a given
goplication. The design of the USADR hybrid FM IBOC DAB system provides the inherent flexibility
required to afford broadcasters the ability to tailor their systems to meet their unique requirements.

In order to provide robugt, virtual-CD-quality audio, most of the capacity of the FM hybrid
IBOC DAB system is dedicated to the primary audio program. The system does, however, support
auxiliary data services that will upgrade existing andog FM Subsidiary Communications Authorizations
(“SCAS") by offering much higher availability, rdiability and robustness.

The system has a large capacity that could be devoted to auxiliary services, Snce a throughput
of up to 120 kbps can be achieved. The portion of this throughput that is dedicated to data services is
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selectable by the broadcaster, and must be traded off versus desired audio quaity and required digita
sgnd robustness.

The USADR FM hybrid IBOC DAB system incorporates two main types of auxiliary services,
which are explained below:

Ancillary Services. A data rate of up to 120 kbps can be transmitted by reducing the
audio quality and FEC parity accordingly. The audio rate could vary over time, based
on the programming or desired audio quaity. For example, speech may be encoded at
a lower rate than music; news and tak formats require less throughput that could be
dedicated to data. If data throughput were not required, the extra capacity could be
alocated to FEC parity, to increase the robustness of the digitd audio.

Opportunigtic Data: Up to 32 kbyps can be intermittently multiplexed with the audio on
a priority basis, or when spare bandwidth is avallable, as determined by an entropy
andysis from the audio encoder. For example, the opportunistic data rate might be
increased during a less complex passage of music, or during a news report following a
musical program. Program associated data (“PAD”), which is used to display audio
and dtation information on the recalver, takes a portion of the capacity, snce it does not
need to be transmitted red-time.



