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matically to present the best possible audio to the user.

29 Claims, 7 Drawing Sheets

10 90 20 40
\ \ MAIN \
CARRIER
RADIO STATION ANALOG INPUT -
ANALOG OUTPUT I DELAY >
RADIO STATION
AD SUBCARRIER TRANSMITTER
_J| CONVERTER INPUT -
50 T
MP3
OPTIONAL | DIGITAL FM
80~ DiRECT "] pheente 7] MopuLATOR
DIGITAL FEED
70

60’[



US RE43,610 E

Sheet 1 of 7

Aug. 28, 2012

U.S. Patent

b Ol

ZHM NI AONINOAW ONVE3ISYY

66 Y] £5 8e €2 61 SI 0
i : “ T
] ] 1 ! “ }
t i | } i }
i H { ] i ]
i i | i t
“ | “ “ i
I i f I
" “ H+1 “ “
| | " |
- S a— ]
HIHHYOENS O343ALS m L H+
" T.nl.illl-'
“ { TANNVHD
“ L NIV
1071d
OEETES !




US RE43,610 E

Sheet 2 of 7

Aug. 28, 2012

U.S. Patent

017

| uz1limsNveL
INOILYLS Olavy

(1HV HOIHd)
2 'Ol

LNdNI H31HHVYO8NS

STINNVHO AHYANODES

HAHLO HO MVZNIN

/ow

1NN H31"HHVYD NIVIN

| 1NdLNO HOTWN

NOLLVLS O1avY

o




US RE43,610 E

Sheet 3 of 7

Aug. 28, 2012

U.S. Patent

ov

HILIINSNVHL
NOLLYLS OIGvd

/ow

€ 9id
09
\. oL \\\
@334 vLDIa
dowvinaow | | SASOON | jomwa oo
W4 YLIDIG o TYNOILAO \\
TRani | waruaanoo |/
H3IHHYOEnNs an I R
m AVI3Q » l  1NdLNO DOTYNY
1NdNI _ HOTYNY _ NOLLVLS Olavy
HIIHHYD
NIV / /
06 oL



US RE43,610 E

Sheet 4 of 7

Aug. 28, 2012

U.S. Patent

oy

0gg”

HALIIASNYHL
NOILVLS O1avy

v "Old

04

L HOLYT
BERVTe

NAON

o

1NdNI
H3HdVO
NIVIA

0zé

\

1NdNI

H3lddvoans

14

HILHIANOD
v/a

EdiN

d3aAvid

QOW3a

WLATVLIDNIA

diHO H3AIZ03d W4 TvLIDId

H3AOONH

\ow

4334 vlisida

1934id

TEN) 2T o 08
o TWNOILAO \

| H3LHIANOD

\jom

anv

012

/.Qom

) 1Nd1N0 DOTYNY
NOILYLS Olavd

/ov




US RE43,610 E

Sheet S of 7

Aug. 28, 2012

U.S. Patent

H3ldNdINY
oL

G "OId
WoHan
‘SADIAZA 4N
02 | oe ol
/ v/ )
DOIYNY | HZLHIANOD | _ | HIAV1d aonaa
R v/a 1 eaw [T waIvuolag
10313 _
XOW T WTvLIDId dIHO HIAII03Y N4 TYLIDIa
9 | cowaa oavals
_ BOTYNY

ove \

0ce .\

0ce

aon3a




US RE43,610 E

Sheet 6 of 7

Aug. 28, 2012

U.S. Patent

9 'Bid
085~ 045~ 085~y 025~y
N X N
4Sa 23000 dsa
RASH it P yangogy [ LAY
11 (SYTHLO + ‘ediN) FOVHOLS MS |~
09S—1" { |39vdOLS MS 23000 dSa HAAIZOAH e
F1avYavOINMOd F19vavOINMOd
3
253009 HIAIZOIY
DISNN F1avYWNVHDOHd
055 \
HIAIZOIY
sqay
02y
HIXIN _ HIAIZO3Y
/HOLIMS | W4
. Ol oor -

— 011G

L— 00§

HOLYINAOWZA

W4

0ce K

008




U.S. Patent Aug. 28, 2012 Sheet 7 of 7 US RE43,610 E

670

VI

/- 690

660

FIG.7

630 “""/ Ve
650
680

700 =



US RE43,610E

1
DIGITAL FM RADIO SYSTEM

Matter enclosed in heavy brackets [ ] appears in the
original patent but forms no part of this reissue specifica-
tion; matter printed in italics indicates the additions
made by reissue.

CROSS REFERENCE TO RELATED
APPLICATIONS

[This application claims priority under 35 U.S.C. Section
119 from a U.S. Provisional Patent Application Ser. No.
60/257,498 filed on Dec. 21, 2000, which is incorporated
herein by reference for all purposes.] This application is a
Reissue application of U.S. Ser. No. 10/032,2335, filed Dec. 21,
2001, now U.S. Pat. No. 7,088,740, granted Aug. 8, 2006, and
claims priority to U.S. Provisional Patent Application No.
60/257,498 filed on Dec. 21, 2000, which is incorporated by
reference for all purposes.

TECHNICAL FIELD OF THE INVENTION

The present invention pertains generally to the field of data
communications and more particularly to a system utilizing
the FM subcarrier bandwidth for improved audio perfor-
mance.

BACKGROUND OF THE INVENTION

The radio frequency spectrum associated with FM broad-
casting band ranges from 88 to 107 MHz, and subdivided into
channels. There is a portion of bandwidth within each FM
channel that is not required for transmitting the main FM
station broadcast signal, and is generally under utilized.
Those responsible for the FM stations have continuously tried
to efficiently utilize all of their allotted frequency resource
including this available excess bandwidth.

Under current Federal Communications Commission
(FCC) rules, FM radio stations are each allocated a channel
that is 200 kHz wide. United States FM radio stations are
granted a license to operate an FM radio signal within an
assigned range of frequencies called a channel. This range is
substantially larger than the minimum range or bandwidth
required for the main FM radio signal. Although a typical FM
station is assigned a bandwidth of 200 KHz, the positive or
one-sided baseband frequency spectrum is a 100 KHz band-
width, and an FM station takes up to a maximum of 53 KHz
for the main FM stereo broadcasting station, and less for a
monoaural station. The remaining portion of the baseband
signal from 53 KHz to 99 KHz, approximately 50% of the
available FM channel spectrum resource, is not required for
broadcasting the main FM station signal.

The present FM radio stations with an operating bandwidth
of 100 kHz contains two audio channels. The main channel,
known as FM stereo, is transmitted using an L+R and L-R
technique to accommodate monoaural reception as well. This
is the channel received on car radios and similar mediums. A
secondary channel, or subcarrier, above the 53 KHz area is
used for Muzak and other private audio broadcasts. In gen-
eral, the subcarrier is an under utilized bandwidth.

A diagrammatic representation of an FM channel is shown
in FIG. 1 showing the 100 kHz one-sided baseband fre-
quency. For the signals operating between 88-107 MHz,
there is a main channel from 0-15 kHz, which is the mono
band (L+R). There is a 19 KHz stereco pilot signal and the
stereo band is from 2353 kHz, wherein the lower side band
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2

(LSB) spans 2338 kHz, the upper side band (USB) spans
from 38 kHz to 53 kHz, and the (L-R) is at 38 kHz. The
subcarrier band extends from 53 kHz to 99 kHz.

Experiments in the FM subcarrier bandwidth has been
ongoing for many years, used in anumber of applications, and
implemented in a variety of analog and digital communica-
tion schemes. For example, Muzak, is standardized music
used in elevators and similar locals. Muzak uses a double side
band AM modulation of a 67 KHz subcarrier to carry the
subscription music.

Radio stations try to lease frequencies in the “excess”
bandwidth to other users through various subcarrier based
systems. One such service is known as Sub-Carrier adminis-
tration (SCA), that has been used in the United States for
many years for background music without commercial inter-
ruption, reading services for the blind, stock market informa-
tion, and educational and religious applications, and paging
services to name a few. U.S. Pat. No. 5,248,610 shows the
subcarrier band employed for transmission of traffic informa-
tion, while a paging scheme that employs the subcarrier band
is disclosed in U.S. Pat. No. 6,088,577 to transmit voice pager
data over the FM subcarrier band.

SCA has also been used for data transmission, having the
ability to reliably support a data rate of 4,800 bits/second or
higher. The FCC deregulated SCA service and stations are
free-to carry SCA services without prior authorization, as
long as all uses of the frequency are within the regulations
imposed on the license holder.

In Europe, one FM subcarrier application is known as the
Radio Data System (RDS) whilein the U.S., itisknown as the
Radio Broadcast Data Service (RDBS). The RDS system has
been implemented by the BBC on the BBC FM transmissions
in England. Similar systems are available in several European
countries, wherein these systems use an RDS subcarrier at 57
kHz that is modulated with data signals. The RDS system has
a number of message group types. In these applications, a 57
KHz subcarrier is modulated using bi-polar phase shift key-
ing (BPSK) to carry a low speed digital data signal. A block
and bit synchronization method as well as a simple linear
block encoding for error detection and correction enable the
system to function. The data rate for the RDS system is
1187.5 bits/second or approximately 11.4 groups/second, and
the channel modulation efficiency of RDS is about 0.3 bps/
Hz. RDS provides for additional functional features such as
roaming, seeking and locking onto of FM stations transmit-
ting RDS signals.

Since systems like the RDS system have broad coverage, a
number of users can use a data channel on a pro-rata basis.
RDS is a fairly robust digital subcarrier communication
scheme because of the long baud interval, low subcarrier
frequency, and narrow bandwidth. This schema has been
adopted as an international standard and incorporates speci-
fication of the physical layer (the modulation and FM inter-
face), the data link layer (error correction coding), and a
network layer for service delivery.

RDS has been popular in European countries for transmit-
ting traffic-related information to motorists while utilizing
the existing FM radio broadcasting infrastructure. However,
RDS has a slow data transmission rate and with the many
function groups RDS is too slow for effective data transmis-
sion.

Due to the low data rate of RDS, another format called the
Data Radio Channel (DARC) supports a higher data rate FM
subcarrier service. DARC is also an international standards
(EIA-794) and has several different modes of operation. The
modes vary according to the amount of error correction cod-
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ing (ECC) overhead applied to the data transmission. DARC
is 16K bits per second minimum-shift keyed modulation of a
76K Hz subcarrier tone.

Another higher frequency system that is comparable to
DARC is the Subcarrier Traffic Information Channel (STIC).
This digital system uses a differentially encoded, quadrature
phase-shift keyed modulation of either a 72.2K Hz of a 87.4K
Hz subcarrier tone to deliver a 18,050 or 21,850 bps raw data
rate. STIC also has a US standard (EIA-795) and also
addresses the STIC standard addresses layers 1 through 4.
STIC basically applies modern modem technology to a FM
subcarrier system by using efficient convolutional coding,
code concatenation and interleaving at the bit level to address
channel impairments.

Several other higher speed subcarrier technologies have
been developed with limited success, demonstrating the dif-
ficulty of the propagation environment to which FM subcar-
rier systems are subjected and the rather low efficiency of the
current FM subcarrier systems.

In typical FM broadcasting, left and right stereo base band
signals are low-pass filtered and combined to produce a com-
posite stereo signal. The circuit that combines the left and
right component signals and produces the composite stereo
signal is called an exciter. The composite stereo signal is used
to drive a FM modulator that modulates a carrier wave in
accordance with the composite signal. The modulated carrier
wave is then broadcast using a FM antenna as an analog
signal.

Conventional systems generate the composite stereo signal
using analog equipment. But, there are a many difficulties in
generating the composite stereo signal in the analog format.
For example, low-pass filtering and sub-carrier stereo modu-
lation are complicated for an analog system and the analog
filters introduce phase distortions and group delay distortions
into the resulting signal.

There have been attempts at generating the stereo compos-
ite signal in a digital format and converting the signal to an
analog signal for broadcasting. This is advantageous for radio
stations as employ the digital methods of programming such
as CD’s, DAT and computer audio files. Using digital signal
processing (DSP) with fast high precision A/D and D/A con-
verters, a FM exciter using digital signal processing has better
performance than the analog systems.

And, there have been attempts at generating the audio
signal in a digital format, wherein the signal is broadcast in
digital, termed Digital Audio Broadcasting (DAB). While
producing superior audio quality, the radio receivers must be
equipped to receive the DAB. The DAB is more comparable
to streaming audio over the Internet than the conventional
analog broadcasts. Radio receivers buffer the incoming sig-
nals and play back the buffered elements. In the US, there are
several proposed systems including the In-Band On-Channel
(IBOC) and the In-Band Adjacent Channel (IBAC). Most
other countries are backing the FEureka 147 standard. The
Eureka 147 system employs similar attributes but occupies a
different section of the radio spectrum. More information
about the IBOC methodology is described in U.S. Pat. No.
5,949,796.

Unfortunately, pure DAB systems will require every per-
son to purchase a new radio receiver as the analog receivers do
not process the digital audio signals. There are proposals for
hybrid processing using both analog and digital broadcasting
for a period to allow the consumers to transition to digital
receivers.

While DAB standards have not yet been finalized and there
is still uncertainty in the implementation, the benefits in qual-
ity, efficiency, ease and cost will eventually make some form
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of DAB a reality. And, with lower cost broadcast systems
there will likely be an increased number of applications in the
subcarrier band for various transmissions.

One implementation for a digital signal processing system
of'a digital FM exciter provides for the left channel to provide
a left analog audio signal that becomes the left component of
the composite stereo signal. Similarly, the right channel pro-
vides a right analog audio signal that becomes the right com-
ponent of the composite stereo signal. The left and right
analog signals are respectively processed by anti-aliasing
filters. After filtering, the left and right signals are respec-
tively converted from analog into digital signals by A/D con-
verters. The converted digital signals are provided to a digital
signal processor (DSP).

The DSP combines the left and right signals into a com-
posite digital signal. More specifically, the DSP performs
band limiting filtering, pre-emphasizing, left and right chan-
nel mixing, sub-carrier generation, sub-carrier modulation
and Sin(x)/x compensation for the D/A converter. Addition-
ally, the DSP provides soft level limiting, loudness signal
monitoring for analog and digital automatic gain control, and
spectrum analysis for optimized system control and opera-
tion.

The composite digital signal output by the DSP is then
converted to an analog signal by D/A converter and filtered
through low pass filter. The result is a composite analog
base-band stereo signal that may be used to modulate a carrier
wave which is then broadcast by an FM antenna.

The drawbacks of this system result from the fact that the
D/A converter and the external analog FM modulator must be
of the highest quality, and therefore are very expensive. The
high quality processing achieved by the front end A/D con-
verters and the DSP will be lost if the D/A converter and
analog FM modulator cannot match the performance of the
DSP.

There are many related patents, including U.S. Pat. No.
6,295,362 involves a digital FM signal generator that gener-
ates a modulated FM signal for broadcasting without the need
for an analog modulator. There is a FM subcarrier system that
multiplexes the Data Radio Channel (DARC) encoded source
channels using an FM subcarrier.

As discussed, the use of digital inputs in the broadcasting
system improves the efficiency and cost. In particular, the
audio inputs can arrive in one of the many digital formats.
One of the present popular audio formats is the Moving
Picture Experts Group (MPEG) audio layer-3 (MP3) that is a
technique for audio compression and is basically a standard
way of compressing/decompressing digital multimedia such
as music. The MP3 protocol compresses the sound signal into
a small-capacity music file at the rate of 1:10 by applying the
MP3 technique to be more convenient to save and to speed up
the network transmission rate.

As MP3 is a compressed audio file format, it is one of the
more popular audio formats on the Internet, due to the small
size and near CD quality. MP3 is a method of compressing
audio samples with minimal loss of quality, with compression
of'up to 12:1 having no loss of quality.

There are various MP3 encoders/decoders for converting
between audio formats. MP3 provides various levels of qual-
ity depending upon the number of bits used for encoding.
There are various levels of compression quality supported in
the standard such as 96 kb/s, 128 kb/s, 160 kb/s . . ..in 32 kb
increments. The higher the transmission rate the better the
quality.
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What is needed is a system to improve audio fidelity and
enhance the quality of music. Such a system should capitalize
on new technologies but be implemented within the bounds of
the current radio community.

SUMMARY OF THE INVENTION

The essence of the present invention is a hybrid FM radio
system that permits digital FM transmission and reception
simultaneously with the current analog system and addresses
the aforementioned problems. In a preferred embodiment the
present invention utilizes the subcarrier band to transmit the
digital FM signals that are synchronized to the analog FM
signals. The receiver processes both the analog and digital
signals and a high quality FM signal results. The receiver may
switch between the traditional analog signal and the higher
quality digital signal automatically to present the best pos-
sible audio to the user.

An object of the invention is a hybrid FM radio system
providing a audio output, comprising a transmitter section
transmitting an analog FM signal and a digital FM signal,
wherein the digital FM signal is packetized and transmitted
on a subcarrier band. There is a receiver section for receiving
the analog FM signal and the digital FM signal, wherein the
digital FM signal is decoded and converted to an analog
output. Finally, there is a means for determining the audio
output.

Another object is the hybrid FM radio system, wherein the
digital FM signal is directly derived from a digital source, or
derived from the analog FM signal. If the digital signal is
derived from the analog FM signal, the system can further
comprise an analog delay in the analog FM signal, wherein
the analog delay is substantially equivalent to a cumulative
time delay of processing the digital FM signal in the trans-
mitter section and processing the digital FM signal in the
receiver section.

A further object is the hybrid FM radio system, wherein the

means for determining is a multiplexer that switches between
the analog FM signal and the digital FM signal.
An additional object is the hybrid FM radio system, wherein
the digital FM signal is packetized in an MP3 format, or
wherein the digital FM signal is packetized in an non-MP3
format. And, the hybrid FM radio system, wherein the digital
FM signal is independent

An object of the invention is a hybrid FM radio system
producing a quality audio output, comprising a transmitter
section transmitting an analog FM signal and a digital FM
signal, wherein the digital FM signal is packetized and trans-
mitted on a subcarrier band. There is a receiver section for
receiving the analog FM signal and the digital FM signal,
wherein the digital FM signal is decoded and converted to an
analog output. The system further includes a multiplexer
connected to the analog FM signal and the digital FM signal,
wherein a multiplexer output generates the audio output.

Yet a further object is the hybrid FM radio system, wherein
the multiplexer switches between the digital FM signal and
the analog FM signal. Alternatively, the multiplexer switches
in response to a user input to select either of the digital or
analog inputs, or an electronic determination that the digital
input is a copy of the analog station, is being decoded without
errors, and is synchronized with the analog signal.

An object of the invention is a hybrid FM receiver capable
of receiving an analog FM signal and a digital FM signal,
comprising an antenna for receiving the analog FM signal and
the digital FM signal with a front end processing section and
a FM demodulator. There is an analog FM receiver section
connected to the FM demodulator with a means for analog
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processing. A digital FM receiver section is connected to the
FM demodulator with a programmable receiver and a music
processor, wherein the programmable receiver performs
receiver digital signal processing and wherein the music pro-
cessor performs music digital signal processing. There is a
multiplexer connected to the analog FM signal and the digital
FM signal, wherein a multiplexer output generates the audio
output.

Another object is the hybrid FM receiver, wherein the
programmable receiver includes a memory means for storing
a receiver digital signal processing software, or wherein the
programmable receiver has an external interface for down-
loading the receiver digital signal processing software.

An additional object is the hybrid FM radio system,
wherein the music processor includes a memory means for
storing a music compressor/decompressor (CODEC). The
CODEC for the music or the receiver DSP can be downloaded
using a RDS format.

A final object is the hybrid FM radio system, further com-
prising an output switch for switching between the analog
format and the digital format, or comprising a mixer for
mixing the analog format and the digital format to produce the
audio output.

Still other objects and advantages of the present invention
will become readily apparent to those skilled in this art from
the detailed description, wherein we have shown and
described only a preferred embodiment of the invention, sim-
ply by way ofillustration of the best mode contemplated by us
on carrying out our invention. As will be realized, the inven-
tion is capable of other and different embodiments, and its
several details are capable of modifications in various obvious
respects, all without departing from the invention.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will be readily understood by the
following detailed description in conjunction with the accom-
panying drawings, wherein like reference numerals designate
like structural elements, and in which:

FIG. 1 illustrates the positive or one-sided baseband fre-
quency spectrum of a 100 KHz bandwidth for FM.

FIG. 2 is a prior art block diagrammatic representation of a
typical FM transmission system.

FIG. 3 shows an embodiment of a hybrid FM transmission
system for generating the standard analog FM output and a
high quality digital output in the subcarrier band

FIG. 4 illustrates an embodiment of the transmitter section
with the analog delay provided by adding the receiver com-
ponents.

FIG. 5 shows the block diagrammatic view of the digital
FM receiver section.

FIG. 6 represents a receiver section for processing the
analog FM signal and the digital subcarrier FM signal

FIG. 7 timing waveforms showing the synchronization of
the analog and digital FM signals

DESCRIPTION OF THE PREFERRED
EMBODIMENT

The foregoing description of the preferred embodiment of
the invention has been presented for the purpose of illustra-
tion and description. It is not intended to be exhaustive or to
limit the invention to the precise form disclosed. Many modi-
fications and variations are possible in light of the above
teachings. It is intended that the scope of the invention be
limited not by this detailed description, but rather by the
claims appended hereto.
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In summary, the present invention refers to a hybrid digital
FM radio system that utilizes the subcarrier band to transmit
high quality digital audio in an easily accessible format.
While the present application describes an MP3 audio com-
pression format, other formats have been contemplated and it
would be obvious to one skilled in the art to utilize other
formats.

FIG. 2 shows the basic building blocks for a typical prior
art FM radio station. There are two inputs to the transmitter,
one for the traditional FM stereo, and one for an optional
Muzak or other secondary channel in the subcarrier band. The
radio station 10 provides an analog output that is transmitted
to the radio station transmitter 20 as the main carrier input. A
subcarrier signal such as Muzak is separately generated and is
the subcarrier input to the radio station transmitter 20. In
general, the main carrier and subcarrier signals were unre-
lated and not synchronized. The transmitter 20 transmits the
respective signals through the antenna 40.

The radio station for the hybrid digital FM broadcasting
system of the present invention is shown in FIG. 3. The radio
station 10 still generates the analog system for the main
carrier input to the transmitter 20. This would enable standard
analog reception without the requirement to purchase digital
receivers or modify existing equipment.

The analog output from the radio station 10 is also con-
verted into a digital form via an A/D converter 50. The digital
output of the A/D converter 50 is input to an MP3 packet
encoder 60 for encoding the audio signal into the MP3 format.
The output of the MP3 encoder 60 is processed by a digital
FM modulator 70 that adds the forward error correction and
trellis codes to the data for transmission, much the way a
common computer modem would, before being transmitted
to the transmitter 20 as a subcarrier input.

In another embodiment, there may also be a direct digital
feed 80 from the radio station 10 instead of using the analog
output and the A/D converter 50. The direct digital data goes
directly to the encoder and is similarly processed, but avoids
having to convert the data from an analog to digital format. As
it is likely that the stations are transitioning to digital medi-
ums, it will be more likely that the data will be arriving in a
digital form from a CD, DAT, and/or computer files. An
additional digital form of data can be Internet based and have
the digital data arrive from the Internet and be directly fed to
the MP3 packet encoder. The data can even arrive in MP3
format requiring only limited processing to include the sync
information.

The MP3 Packet encoder 60 is responsible for breaking the
music and voice digital data from the A/D converter 50 into
packetized MP3. As is known in the art, the packet is a data
stream having a header section with certain packet informa-
tion, such as size, control codes and sync data along with the
rest of the packet. The packet is the digital data stream that
represents a portion of an audio signal. The MP3 compression
technique allows for a user that may tune into a station in the
middle of a song. Thus, the compression technique allows
listening starting at any point in the stream and syncing up
within a second or two. This is done by the packetizing of the
data stream into segments of that length with identifiable
synchronization points between them. The same restriction is
true for the error correcting code scheme.

It should be apparent that the high quality digital system
can operate independently of the analog FM system and
would not require any A/D conversion or synchronizing of the
analog and digital signals. In the independent embodiment,
there can be a direct digital feed 80 to the MP3 packet encoder
60 and the subcarrier input would be an independent trans-
mission.

20

25

30

35

40

45

50

55

60

8

Another embodiment links the analog and digital signals so
that the output audio is the same for both the analog and
digital techniques. In this mode, the MP3 engine 60 attaches
several control codes into the data stream for use in the
decoder on the receiving end. One code gives the time rela-
tionship between the analog and digital data streams. This
allows for switching back a forth between analog and digital
and keeping the two channels time phased together. Another
control code indicates whether the digital channel is a copy of
the analog channel or whether to automatically attempt to
switch to digital mode.

In order to have the decoded digital waveform time syn-
chronized with the analog waveform, the analog signal from
the station 10 should include an analog delay 90 equal to the
amount of time it takes the digital waveform to be coded at the
and processed on the transmitter end and decoded at the and
receiver end. Although this could be done at either the trans-
mitter side or the receiver side, it is less expensive to imple-
ment at the transmitter end. The processing time should be a
constant and the cumulative time entered as the analog delay
90.

Although not a necessity, there may be applications that
have an older radio and a new digital radio operating in close
proximity, and it is preferred to have the analog and digital
radio time synchronized. Thus, in a preferred embodiment it
is desirable to delay the analog signal at the transmitter end
and there are a number of traditional analog delay techniques.

An alternate embodiment to incorporate the delay is to
replicate the elements of the receiver end in the transmitter
end as the delay as shown in FIG. 4. In this embodiment the
main carrier input is extracted by taking the digital subcarrier
output already having the processing delays from the trans-
mitter end elements and making the subcarrier output the
input to the FM receiver circuit. The digital FM receiver
circuit 200 encompasses a digital FM demodulator 210, an
MP3 player and a D/A converter 230. Incorporating the same
elements ensures that the delays between the analog main
carrier input and the digital subcarrier input have exactly the
same delays. Processing the analog delay in this fashion does
filter the analog signal to MP3 bandwidths that might result in
aminor signal quality loss, however, the channel performance
of the analog channel is so poor, that those affects are negli-
gible.

An embodiment of a hybrid receiver is constructed that
allows the traditional analog FM stereo to be received as well
as the new high audio quality digital FM stations. A digital
FM receiver section 200 is added to an existing analog
receiver system to process the subcarrier FM signal. The
antenna 300 picks up the signals that are fed to the front end
310 that performs basic pre-processing. The analog main
carrier and digital subcarrier signals are subject to a FM
demodulator 320 and the analog main carrier is processed by
the analog stereo demodulator 330 with the resulting FM
signal connected to a multiplexer 340. The digital subcarrier
signal from the FM demodulator 320 is processed by the
digital FM receiver section 200. The digital section is pro-
cessed by the digital FM demodulator, the MP3 player/de-
coder to generate the digital audio output which is then con-
nected to a D/A converter 230 to generate the analog signal
that is also connected to the multiplexer 340. Two D/As may
be necessary to create the left and right channels. Alterna-
tively, an embodiment may choose to create a L+R and L-R
and connect it earlier in the audio path of the radio. The MP3
decoder extracts the header information from the packet,
which sets the digital FM detect that is used to control switch-
ing between digital and analog reception with the resultant
signal sent to the amplifier (not shown).
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Enough time should be allotted in the analog time delay to
accommodate slow receiver DSP hardware or SW. This also
allows a receiver to instantly play the traditional analog signal
while the user switches through the channels to find the sta-
tion he/she would like to listen to. The receiver may then cut
in the higher quality digital version of the station at the next
available synchronization point. All the user notices is that his
music sounds better after being tuned to a particular station
for a small number of seconds.

The digital FM demodulator 210 extracts the data stream,
160 Mb/S in a preferred embodiment, from the channel sub-
carrier, which involves locking in on the datastream, decod-
ing the trellis codes and performing the error correction func-
tion. Such processing also involves addressing multipath
problems that negatively impact reception characteristics.

The MP3 engine not only performs the decoding functions
and extracting the packetized data into a data stream, but
allows external connections. Other MP3 devices or digital
devices, such as CD’s or DAT’s are permitted. And, there can
be an Internet hook-up with a connection to a legitimate
peer-to-peer audio database or other audio collection allow-
ing a radio station to operate with few or no physical record-
ing. These other devices can utilize the MP3 engine so as not
to require adding any additional MP3 hardware. The multi-
plexer 340 in the circuit allows either the original FM stereo
or new digital FM stereo to be sent to the amplifier (not
shown).

Referring to FIG. 6, illustrating another embodiment of the
digital FM receiver end. The antenna receives the analog FM
signal and the digital FM signal which are both processed by
the FM demodulator. The main carrier analog FM signal is
processed by the FM receiver 400 and the output is connected
to the switch/mixer 410. The digital subcarrier signal con-
nects to an RDS receiver 420 that connects to a programmable
receiver 500 and a programmable music compression/de-
compression (CODEC) 550. The programmable receiver 500
encompasses a downloadable receiver software storage sec-
tion 510 used to maintain the receiver DSP for the particular
receiver CODEC. The receiver storage section 510 maintains
one or more CODEC’s depending upon memory capacity, but
can also connect to disc drives and the Internet to obtain other
receiver CODEC’s. The CODEC storage may contain factory
programmed CODEC’s and/or be able to download over an
RDS link from the selected radio station, or by other means.
The receiver storage is interconnected to the receiver DSP
section 530 that processes the data using the appropriate
CODEC. The receiver DSP section 530 also has an input from
the FM demodulator 320 which is converted by the A/D
converter 520.

When the receiver is tuned to a particular radio station, it
looks in the RDS control information to determine whether it
has the right transmission modulation decode CODEC
already in its storage to decode the SCA waveform. Ifit does,
it starts to decode waveforms into digital packets and send the
decoded data bits to the audio/music CODEC. If a demodu-
lation CODEC does not exist for that station in memory, the
CODEC will be downloaded over the RDS link that may
either run time interleave with the SCA digital data, or fre-
quency interleave within that same SCA channel. In this case,
it may take several seconds for the CODEC to be downloaded
before the digital receiver becomes operational.

The digital signal from the RDS receiver 420 also connects
to amusic CODEC 550. The music CODEC 550 comprises a
storage section 560 for storing one or more music CODEC’s,
with means for obtaining other CODEC’s either from disc
drives, networking or via the Internet. MP3 is an example of
a music CODEC. The output of the programmable receiver

20

25

30

35

40

45

50

55

60

65

10
500 is an input to the music CODEC DSP 570, and the
processed signal is converted by the D/A converter 580 to an
analog input to the switch/mixer 410.

Much like the demodulation CODEC, the radio will look at
data from either the RDS link or from the packet headers them
selves to determine what type of audio/music CODEC is
required. Ifthe CODEC is already resident in the audio/music
CODEC storage, the data is then immediately decoded into
audio at the next synchronization point. If the CODEC is not
present, it is downloaded via the RDS link or by other means.
This will cause a small delay in the start up of the digital
quality audio due to the time it takes to download the
CODEC.

It is envisioned that most radios will have enough memory
to store most if not all the demodulation and audio/music
CODECs in a given geographic area, and CODECs will infre-
quently need to be downloaded. Downloads of new CODECs
may needed to support CODEC upgrades, bug fixes, or new
CODECs as encoding technology improves.

One embodiment of this may include sharing of the CODEC
storage area between the Demodulation and audio/music
storage needs.

The switch 410 allows the receiver to operate solely in
analog or digital mode, and can further function as a mixer to
combine digitally processed data with the analog signal.

A digital FM detect signal can be provided from the audio/
music CODEC (MP3) player engine to indicate “good” digi-
tal FM is received and used to instruct the multiplexer to
choose the digital reception. That digital signal flag can deter-
mine the state of the output multiplexer, although other codes
and overrides are within the scope of the invention.

In one embodiment the digital signal flag is “true’ if there
are no uncorrectable errors from the error correction engine,
a valid sync flag was recently processed, and the packet
decodes in the MP3 player operated properly. If the MP3
player indicates a good link, and it is recognized as a copy of
the analog station, the multiplexer is automatically switched
to the digital channel. The switch from digital to analog is
transparent to the user, wherein the user only notices an
improvement in the quality of the sound, and perhaps a digital
FM indicator is presented on the display. Thus, this is trans-
parent to the user. As most FM radio is listened to in cars, it is
important not to increase the user workload.

The entire receiver implementation should only add one
chip to the design of the average car or home radio. Plus, it
does not disturb the existing infrastructure of analog FM
radio. Only minor additional hardware need be added to the
radio stations as well. That should allow rapid acceptance of
the system. FM Stations will want to upgrade their system
with better quality sound as it will increase listeners and
attract more advertising dollars.

Referring to FIG. 7, the waveforms illustrate the synchro-
nization scheme for matching the analog and digital signals.
The original analog FM signal 600 is depicted along with the
delayed analog signal 610 from the transmitter. The amount
of delay is equal to the time allotted for the transmitter to
encode and transmit first bit of the packet plus the time allot-
ted for the receiver to decode first bit of packet. There is
sufficient margin in the system implementation to accommo-
date slow decoders. The time delay 620 is the time difference
between the analog signal to the transmitter putting out the
packet synchronization flag, wherein the synchronization flag
in the header and is used as part of the processing to determine
a valid digital packet. The MP3 header 630 contains various
data including the time synchronization bit and MP3 header
data. The data section of the MP3 packet 640 contains the
digital representation of the audio signal, and the combined



US RE43,610E

11

header and data section constitute the entire MP3 packet 650.
The RDS time interleaved packet 660 is used for CODEC
download and other control and separates the packets 650 and
670. The time difference 680 represents the time allotted for
the receiver to decode the packet start and output the first bit.
High quality analog signal 690 is created by the receiver MP3
CODEC with the time correlated to the transmitted analog
signal. A radio may switch between the transmitted analog
and the decoded digital version with no perceptible audible
time delays. The data transmitted on the SCA channel 700,
includes the RDS control and encoded FM radio data

The system may switch from the transmitted analog signal
to the decoded digital version of the station at the given
synchronization points at the start of the packet. This way, the
user can start to listen to transmitted analog station immedi-
ately, and have the high quality version of the station cut in
automatically at the next synchronization point.

A series of field tests have proven that the subcarrier can be
used to transmit digital information in the subcarrier band up
to 160 kb/S reliably. Field trials determined that there was no
significant spillover into the adjacent FM analog audio bands
that would cause a reduction in audible quality of adjacent
analog stations. The field testing included mobile testing to
determine the performance in dynamic multipath environ-
ments. In one embodiment, a trellis type coding technique
was used with forward error correction similar to modern
telephone modems. There are numerous applications that
benefit from this digital data link and the dramatic improve-
ments in sound quality indicate a significant commercial
opportunity.

One embodiment is to encode very high quality audio onto
a digital channel. The audio could be a separate channel from
the FM Stereo in that same band, or be a higher quality
version of the same FM stereo radio station. With a 160 kb/S
channel bandwidth, one needs to compress the audio track to
fit in that bandwidth. There are multiple compression stan-
dards that one could use to do that. Using MP3 seems a logical
choice based on its commercial acceptance. An MP3 channel
can achieve good quality sound at 128 Kb/S. This fits in the
160 kb/S channel with room for sync pulses and error correc-
tion coding.

The objects and advantages of the invention may be further
realized and attained by means of the instrumentalities and
combinations particularly pointed out in the appended
claims. Accordingly, the drawing and description are to be
regarded as illustrative in nature, and not as restrictive.

Although specific features of the invention are shown in
some drawings and not in others, this is for convenience only
as each feature may be combined with any or all of the other
features in accordance with the invention. The words “includ-
ing”, “comprising”, “having”, and “with” as used herein are
to be interpreted broadly and comprehensively and are not
limited to any physical interconnection. Moreover, any
embodiments disclosed in the subject application are notto be
taken as the only possible embodiments.

What is claimed is:

1. A hybrid FM radio system providing an audio output,
comprising:

a transmitter section transmitting an audio transmission as

a standard analog FM signal and a digital FM signal,
wherein said digital FM signal is packetized and trans-
mitted on a subcarrier band, and said analog FM signal
transmitted on a main carrier band;

a receiver section for receiving said analog FM signal and
said digital FM signal, wherein said digital FM signal is
decoded and converted to a digital decoded analog FM
output and said analog FM signal is processed to provide
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a standard analog FM output, and wherein said standard
analog FM output and said digital decoded analog FM
output are synchronized; and

a means for automatically determining said audio output
from said digital decoded analog FM output and said
standard analog FM output.

2. The hybrid FM radio system according to claim 1,
wherein said digital FM signal is directly derived from a
digital source.

3. The hybrid FM radio system according to claim 1,
wherein said digital FM signal is derived from said analog
FM signal.

4. The hybrid FM radio system according to claim 3, fur-
ther comprising an analog delay in said analog FM signal,
wherein said analog delay is substantially equivalent to a
cumulative time delay of processing said digital FM signal in
said transmitter section and processing said digital FM signal
in said receiver section.

5. The hybrid FM radio system according to claim 1,
wherein said means for determining is a multiplexer that
switches between said standard analog FM output and said
digital decoded analog FM output.

6. The hybrid FM radio system according to claim 1,
wherein said digital FM signal is packetized in an MP3 for-
mat.

7. A hybrid FM radio system producing a quality audio
output at a receiver, comprising:

a transmitter section transmitting an analog FM signal and

a digital FM signal, wherein said digital FM signal is
packetized and transmitted on a subcarrier band;

a receiver section for receiving said analog FM signal and
said digital FM signal, wherein said digital FM signal is
decoded and converted to an analog output;

a multiplexer connected to said analog FM signal and said
digital FM signal, wherein said multiplexer switches in
response to parameters selected from the group consist-
ing of: auser input, a determination that said digital FM
signal is a copy of said analog FM signal, a status deter-
mination that said digital FM signals is decoded without
errors, and a synchronization determination that said
digital FM signal is synchronized with said analog FM
signal; and

wherein a multiplexer output generates said audio output.

8. The hybrid FM radio system according to claim 7,
wherein said multiplexer automatically switches between
said digital FM signal and said analog FM signal.

9. The hybrid FM radio system according to claim 7, fur-
ther comprising an analog delay in said analog FM signal,
wherein said analog delay is substantially equivalent to a
cumulative time delay of processing said digital FM signal in
said transmitter section and processing said digital FM signal
in said receiver section.

10. The hybrid FM radio system according to claim 7,
wherein said digital FM signal is packetized in an MP3 for-
mat.

11. A hybrid FM receiver capable of receiving an analog
FM signal and a digital FM signal and producing an audio
output, comprising:

an antenna for receiving said analog FM signal and said
digital FM signal with a front end processing section and
a FM demodulator;

an analog FM receiver section connected to said FM
demodulator [with a means for analog processing];

a digital FM receiver section connected to said FM
demodulator with a receiver processor and a music pro-
cessor, wherein said receiver processor performs
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receiver digital signal processing and wherein said
music processor performs music digital signal process-
ing; and

a multiplexer connected to said analog FM signal and said

digital FM signal, wherein a multiplexer output gener-
ates said audio output.

12. The hybrid FM receiver according to claim 11, wherein
said receiver processor includes a memory means for storing
a receiver digital signal processing software.

13. The hybrid FM receiver according to claim 11, wherein
said receiver processor is programmable and has an external
interface for downloading a receiver digital signal processing
software.

14. The hybrid FM receiver according to claim 13, wherein
said receiver digital signal processing software is down-
loaded using a radio data system (RDS) format.

15. The hybrid FM receiver according to claim 11, wherein
said music processor includes a memory means for storing a
music compressor/decompressor (CODEC).

16. The hybrid FM receiver according to claim 15, wherein
said music processor is programmable and has an external
interface for downloading said music CODEC.

17. The hybrid FM receiver according to claim 11, further
comprising an output switch for switching between said ana-
log FM signal and said digital FM signal.

18. The hybrid FM receiver according to claim 11, further
comprising a mixer for mixing said analog FM signal and said
digital FM signal to produce said audio output.

19. The hybrid FM receiver according to claim 11, wherein
said digital FM signal is packetized in an MP3 format.

20. A method for receiving an analog FM signal and a
digital FM signal and producing an audio output, the method
comprising:

transmitting, using a transmitter, an audio transmission as

a standard analog FM signal and a digital FM signal,
wherein the digital FM signal is packetized and trans-
mitted on a subcarrier band, and the analog FM signal
is transmitted on a main carrier band;
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receiving, using a veceiver, the analog FM signal and the
digital FM signal, wherein the digital FM signal is
decoded and converted to a digital decoded analog FM
output and the analog FM signal is processed to provide
a standard analog FM output, and wherein the standard
analog FM output and the digital decoded analog FM
output are synchronized; and

automatically determining, using a processor, the audio

output from the digital decoded analog FM output and
the standard analog FM output.

21. The method of claim 20, wherein the digital decoded
analog FM output is generated using compression/decom-
pression (CODEQC).

22. The method of claim 21, wherein the CODEC utilizes a
MP3 format.

23. The method of claim 21, further comprising decoding
waveforms into digital packets and sending decoded data bits
to a CODEC module.

24. The method of claim 23, further comprising determin-
ing whether the CODEC module for a particular radio station
exists in memory and, if not, downloading the CODEC mod-
ule.

25. The method of claim 20, wherein automatically deter-
mining the audio output comprises determining that the digi-
tal FM signal is decoded without errors.

26. The method of claim 20, wherein automatically deter-
mining the audio output comprises determining that the digi-
tal FM signal is a copy of the analog FM signal.

27. The method of claim 20, wherein automatically deter-
mining the audio output occurs after veceiving a user input
selection.

28. The method of claim 20, wherein converting the digital
audio output into the converted analog signal comprises pro-
cessing the digital audio output using two channels.

29. The method of claim 28, further comprising extracting
a data stream from the digital subcarrier signals, wherein
extracting the data stream comprises locking in on the data
stream, decoding trellis codes in the data stream, and per-
forming error correction.

#* #* #* #* #*
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