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LDR’s FM Hybrid system employs a method of formatting transmitted information into four  

streams, two to the left and right of the analog signal as shown in Figure E-1.   This 

multistream structure of the transmitted spectrum is formed using the multidescriptive output 

of the Perceptual Audio Coder (PAC) to modulate a digital carrier.   Multi-streaming PAC 

takes an input audio signal and processes it into four complimentary streams at the output.   

Each one of these streams can be decoded to reconstruct the signal that was encoded by Multi-

streaming PAC.  The individual streams, when decoded, will each have one quarter the audio 

quality of the four streams.  Moreover, when the four streams are combined the 

complimentary nature creates an audio signal with four times the quality of the single stream.  

This combined stream displays audio quality that is close to CD quality.  

 

 

 

 

 

 

 

 

 

Figure E-1:  FM Hybrid Transmit Spectrum 
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The multistream format combined with error correction provides robust protection to the 

audio information contained in the transmit signal.   In typical mobile radio environments 

transmitted signals will be impaired by fading, shadowing and interference.  The impact of 

these impairments on the quality of the received signal increases with distance between the 

receiver and transmitter.   This typically results in a gradual degradation of received signal 

quality when using analog receivers.  However, digital receivers typically display a more 

abrupt loss of signal quality.   The multistream format enables a digital receiver to similarly 

gradually degrade the quality of the received audio with distance.  This is realized by the 

implementation of multistream to have corrupted streams be identified at the receiver and 

thereby not used in reconstructing the audio signal.  The received audio signal is thus 

constructed with fewer streams as the distance between the receiver and transmitter is 

increased past some impairment threshold.  This leads to a gradual degradation as the 

averaging process receives fewer uncorrupted streams for use in the reconstruction of the 

audio signal.  This averaging continues until it degrades to less than one stream and the quality 

becomes unacceptable. 

 

The multistream format for AM Hybrid, shown in Figure E-2, does not employ the 

multidescriptive code used for FM because of bandwidth limitations.  It consist of three 

streams, a core stream located in the center channel, where it receives the most protection, and  
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two enhancement streams in the upper and lower bands.  The information in the core stream is 

more critical to the reconstruction of the audio than that in the enhancement streams.  These 

streams are augmented with robust error correction and are time delayed relative to the analog.  

The three streams are decoded and combined at the receiver to reconstruct an audio signal 

with near FM quality. 

 

The performance of the multistream system is robust even in the presence of first and second 

adjacent signals.  The system robustness can be traced to the attributes of the complimentary 

Multi-streaming PAC output, error correction, frequency and time diversity derived from the 

way the audio information is used to create the multistream.  In the case of jamming by a first 

adjacent signal, the system performance is determined by those streams that are unimpaired as 

operation of a first adjacent canceler yields minimal benefit.   Although good results are 

obtained for single first adjacent interference in the lab, far less effective results are yielded in 

the field. This is true for both AM and FM as effectiveness of the FAC is significantly reduced 

by the presence of even small second adjacent signals and sensitivity to filter selectivity.   The 

multistream system operates especially well in such conditions as some streams remain 

uncorrupted and can be used to reconstruct the audio signal. 
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Fig. 2:  AM Hybrid Transmit Spectrum 
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ABSTRACT

New approaches to hybrid in band on channel (HIBOC) FM systems for digital audio broad-
casting based on multistream transmission methodology and multidescriptive audio coding
techniques are introduced in this paper. These ideas combined with a lower per sideband au-
dio coding rate and more powerful channel codes result in robust transmission and graceful
degradation in variable interference channels. By also using orthogonal frequency division
multiplexing techniques with a nonuniform power pro�le combined with unequal error pro-
tection and sideband time diversity, we arrive at new HIBOC FM schemes with extended
coverage and better peak audio quality than previously proposed. The paper provides ap-
proximate performance analysis for potential systems including audio coding quality.

1 INTRODUCTION

Systems for digital audio broadcasting of CD quality
stereo music simultaneously with analog FM are being

developed and evaluated in the United States. No new
frequency band has been allocated for this service for ter-
restrial broadcasting. It is proposed that at �rst digital
transmission will take place simultaneously with existing
analog FM in the FM band. An evolution to an all digital
audio broadcasting system is envisioned. A similar service
is planned for AM.
Digital broadcasting inside the FCC emission mask can

take place in a so called hybrid in band on channel (hybrid
IBOC or HIBOC) system where the digital information is
transmitted at a lower power level (typically 25 dB lower)
than the analog host FM signal. This digital transmission
is done in subbands on both sides of the analog host sig-
nal. The composite signal is typically 400 kHz wide with
the FM carrier in the middle. The digital sidebands are
typically about 70 kHz wide at the upper and lower edge
of the composite signal (see power spectra below).
One current design proposal for hybrid in band on chan-

nel (also denoted HIBOC) FM systems uses 96 kb/sec per-
ceptual audio coding, PAC, audio coding [1], [2] in a sin-
gle stream transmission con�guration over two sidebands
with orthogonal frequency division multiplexing (OFDM)
type of modulation. The two frequency sidebands for dig-
ital audio are transmitted on each side of the host ana-
log FM signal inside the FCC emission mask. A uniform
OFDM power pro�le is used. The channel coding is rate
4/5, memory 6 on each sideband with a total combined
rate of 2/5, memory 6 in a complementary punctured pair
convolutional (CPPC) channel coding con�guration with

both sidebands [3].
By employing the idea of multistream transmission [4]

on the two sidebands combined with multidescriptive au-
dio coding [4], [5] we achieve graceful degradation in the
presence of potentially severe one sided �rst adjacent in-
terference. Further robustness to this type of interference
is obtained by introducing a bit error sensitivity classi-
�er in the audio coding algorithm and transmit bits in
separate classes with di�erent channel codes and di�erent

frequency bands [6]. More powerful channel codes and
sideband time diversity give further improvements, espe-
cially for slow fading.

2 NEW APPROACHES TO HIBOC FM

With new approaches, it should be possible to improve
the signal to noise ratio on one sideband transmission with
up to approximately 10 dB leading to much better digital
audio broadcasting coverage. The elements in the im-
proved systems are the following: Improved audio coding
with 64 kb/sec per sideband allowing for more powerful
rate 1/2 channel coding. Multistream (MS) transmission
with multidescriptive (MD) audio coding with two level
unequal error protection (UEP) and with sideband time
diversity. Furthermore we use nonuniform OFDM power
pro�les for better �rst adjacent and second adjacent inter-
ference rejection, see Figure 1. This type of nonuniform
power pro�le may also be better matched to the power
ampli�er.
Table 1 summarizes the key points of some of the pos-

sible systems. Figure 1 shows new power pro�les and
Figure 2 shows system number 3. All systems in Table 1
have a binary outer CRC code.



Audio Coder
Rate kb/s
One/Two
Sidebands

Channel
Code Rate
One/Two
Sidebands

Power
Pro�le

Source
Coder
Type

MS

1 96/96 4/5 2/5 a 1

2 64/128 1/2 1/2 a,a+,b
MD
UEP

4/6

3 64/128 1/2 1/2 a0; a0+
MD
UEP

4

Table 1. List of some possible multistream HIBOC FM con�gu-
rations.
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Fig. 1. Examples of possible OFDM power pro�les. Upper side-
band only is shown. Pro�les a+ and a0+ have 3 dB higher power
level. The nonuniform power pro�le b can be modi�ed in several
ways using, e.g., triangular or elevated triangular shapes with a
peak in the middle of the band.

Generation of multiple source coded streams is achieved
with the help of multistream PAC encoding techniques.
Details of these may be found in [4], [5], [6]. Brie
y, these
fall into 3 categories.

1. Multidescriptive Coding : Source is encoded into two
or more equivalent streams such that any of these
may be decoded independently as well as in combi-
nation with other substream for corresponding audio
quality.

2. Bits-stream Partitioning : The bits are partitioned
into 2 or more classes of di�ering sensitivity to bit
errors (typically utilized in an unequal error protec-
tion, UEP scheme).

3. Embedded Coding : Source is encoded with a core or
essential bit stream and one or more of enhancement

bit streams.

A particular transmission system may employ one or more

of the above techniques for producing multistream repre-
sentation of the source.
In systems 2 and 3 above, 4 stream encoding techniques

with the overall source coder rate of 128 kbps are em-
ployed. Each of the 4 substreams corresponds to an aver-
age rate of about 32 kbps. To produce these four streams,
the audio signal is �rst encoded using a multidescriptive
scheme to produce 2 streams, at 64 kbps each. Each of the
streams is then further subdivided into two substreams of
equal sizes using a bit stream classi�er; i.e., fI; IIg, and
fI 0; II 0g. The resulting four streams { I; II; I 0, and, II 0 {
are then transmitted over part of the FM spectrum as in
systems 2 and 3, see Figure 2. In system 2, the most signif-
icant bits (streams I and I 0) are transmitted in the middle
bands. In a 4 stream con�guration, the outer bands are
combined and in a 6 stream system sent separately.
Using the 4 stream system there are several built in dig-

ital blending modes which allow for graceful degradation.
These modes are summarized in Table 2.

Available Streams Corresponding Quality

I+I 0+II+II 0
Better than 96 kbps
single stream PAC

(I+II+I 0) or (I 0+II 0+I) Better than 64 kbps PAC

(I+II) or (I 0+II 0) Better than Analog FM

(I+I 0) Analog FM like

I or I 0 Better than Analog AM

Table 2. Blend Modes in the 4 Stream Multistream HIBOC FM
Con�gurations. See Figure 2 for notations.

In [4] for AM systems, it was proposed that a delay
be applied between the two sides in the Digital HIBOC
FM system. This delay leads to time diversity gain in the
presence of time varying fade conditions. This time delay
concept can be advantageously applied to the multistream
systems and leads to substantial gains as evident from the
following simple calculation. Let's assume streams I and
I
0 are delayed substantially with respect to each other
so that the packet loss error events are independent for
the two streams and have the identical probability, PF .
Then the probability that PAC decoder faces the loss of
a particular packet in both streams I and I

0 is of the
order of P 2

F . Given the complementary nature of audio
information in streams I and I 0 it is therefore obvious that
decodable audio would be available with a substantially
higher probability in the multistream system with delay
(1:0� P

2

F vs. 1:0� PF ).

3 SYSTEM PERFORMANCE EVALUATION

With a free distance of df = 4 for the R = 4=5, M = 6
code in the basic reference system, we can project the
SNR gains on a Gaussian channel with the rate 1/2 codes



as shown in Table 3. Note that we have also added the
M = 6, rate 2/5 (double sided) code in Table 3 for refer-
ence. Here we can see that the one sided 64 kb/sec rate
1/2 system, with M = 6 is comparable to the 96 kb/sec,
double sided rate 2/5, M = 6 system. We can also con-
clude from Table 3 that the M � 8 rate 1/2 systems are
superior to the M = 6, rate 2/5 scheme. It is also inter-
esting to conclude that the rate 1/2,M = 6, double sided
system with 128 kb/sec audio is identical to the one sided
version in Table 3 and thus comparable to the rate 2/5,
M = 6, 96 kb/sec system in asymptotic error rate per-
formance for the Gaussian channel. (There may not be

Gain in SNR Gain in SNR
Rate 1/2 Codes relative to relative to
M df M = 6; R = 4=5� M = 6; R = 2=5��

6 10 4.0 dB �0.4 dB

8 12 4.8 dB 0.4 dB

� df = 4 � � df = 11

Table 3. Gains with rate 1/2 codes on a Gaussian channel with a
uniform power pro�le a with M = 10 codes, an additional 0.6 dB is
gained and with M = 12 codes, 1.1 dB.

\room" for a rate 1/2 code but rather a rate 8/15 code.

Then the gains in SNR will be somewhat smaller.) The
total gain on bits of type I with pro�le b is 8{9.4 dB on a
Gaussian channel. These gain numbers will be higher for
fading channels.
For the Gaussian channel we can predict a gain of ap-

proximately 8 dB in band B with a rate 1/2 code and a
64 kb/sec audio coder. In bands A and C the SNR gain is
approximately 4 dB over the previous 96 kb/sec, rate 4/5
code with uniform energy on the OFDM symbols taking
into account a 3 dB UEP gain. Denoting the two UEP
error probabilities in band B and in bands A plus C PI

and PII respectively, we estimate the following gains in
channel SNR (Es=N0) over the baseline rate 4/5 system
given in Table 4. We note from Table 4, that for power
pro�le b, the two error rate curves PI and PII are 4 dB
apart. Based on our experience from the UEP results in
[6] for 96 kb/sec audio coders, the overall system will be
performance limited by PII .
Note that the UEP in Table 4 is obtained using one

and the same rate 1/2 code in both sections I and II with
separate average power levels in the two sections. Thus
for power pro�le a there is no UEP gain with this ap-
proach. A UEP gain can be obtained by employing two
separate channel codes with rates higher (II) and lower
(I) than 1/2 with an average rate of 1/2, [6]. This can,
e.g., be used with a uniform 3 dB power increase over the
entire sideband. The channel codes now have to be found
by code search. Alternatively, also called FD UEP ap-
proach [6] can be taken, where the same rate 1/2 code is

OFDM
Power
Pro�le

Band B, (B0)
PI

Bands A+C, (A0)
PII

Total sideband
power increase

a, a0 4 dB 4 dB 0 dB

a+, a0+ 7 dB 7 dB 3 dB

b 8 dB 4 dB 2.4 dB

Table 4. Combined approximate coding and power gain in SNR
improvement with M = 6 rate 1/2 codes. The channel coding gain
is 4 dB and with M = 8 it is 4.8 dB.

used in bands B and (A+C). In this case there is no gain
on a uniform noise channel, but gains for �rst adjacent
interference type of channels [6].

CRC

64 kb/s 64 kb/s

PAC DECODER  MS/UEP

host FM

Viterbi

S 1 S 2

Rate 1/2

A0B0B0A0

II0 II0 II

Fig. 2. Conceptual simpli�ed block diagram for a proposed system
based on 64 kb/sec multidescriptive PAC and two level UEP. Mul-
tistream transmission with 4 streams. This is system 3 in Table 1.
Interleavers are not shown explicitly.

The above power and coding gains are based on the
assumptions of perfect interleaving, coherent transmis-
sion, and an ideal additive white Gaussian noise chan-
nel at high SNR. In this section, we highlight results of
extensive Monte Carlo simulations of the various multi-
stream systems over additive white Gaussian noise as well
as time- and frequency-selective fading channels. In all
the bit error rate simulations, we assume an OFDM mo-
dem with 512 frequency subcarriers in a bandwidth of 400
kHz, corresponding to a single FM license band with car-
rier frequency located in the middle of the band. The



modulation format is either coherent QPSK or di�eren-
tial QPSK (DQPSK) across frequency. The two sidebands
used for digital transmissions each contain the outermost
80 subcarriers at a given band edge, and for DQPSK in
frequency, an extra subcarrier in each sideband, closest in
frequency to the center carrier, is used as a pilot tone. We
employ two R = 1=2 convolutional coders and Viterbi de-
coders, denoted I and II as in Figure 2, in each sideband.
The interleaver size is roughly 300 msec.
We characterize the performance of the various multi-

stream systems by estimating the bit-error rates PI and
PII as functions of the average subcarrier SNR. When
the simulation is properly normalized, this average SNR
becomes Es=N0, the energy of a QPSK symbol over the
noise power spectral density (one-sided). Since the per-
formance of stream I on the left and right sidebands will
be the same, and similarly for stream II , we present the
results from only one sideband, and denote the bit-error
rates as PI and PII .
We also evaluate the performance of the various power

pro�les, all using DQPSK in frequency, over several rep-
resentative time- and frequency-selective Rayleigh fading
channel models, referred to as EIA \Urban Fast", EIA
\Rural Fast", EIA \Urban Slow", and EIA \Terrain Ob-
structed, Urban Fast", whose multipath and Doppler pa-
rameters are given in [7]. We compare the results of
M = 6, R = 1=2 multistream systems to the performance
of the single stream system. The single stream system
employs M = 6, R = 4=10 convolutional punctured-pair
convolutional (CPPC) codes over the two sidebands, and
reduces to a M = 6, R = 4=5 convolutional code when
one sideband is lost due to interference. Figures 3{4 show
examples of simulation results for power pro�les (a0) and
(b) over the EIA channel models. Here we compare the
bit error rate with the rate 4/5 code vs the rate 1/2 codes
in one sideband. Note coding gains of more than 10 dB
with power pro�le b. (Further gains will be obtained with
the M = 8 code.) We also plot the bit error rate for the
single stream rate 2/5 code for comparison. Note that
the time diversity gains for the multistream system are
not shown here. Since these are of a block error nature,
they will be demonstrated next.
The multi-streaming capability of the PAC provides the

radio link with reasonable time and frequency diversities
as described in this section. We propose a novel time-
frequency distribution of the PAC substreams which is
highly robust against various channel impairments and
fading conditions. The FM channel su�ers from disper-
sion in both time and frequency domains. In time domain,
very severe multi-path with delay spread ranges between
3 to 30 microseconds have been measured in urban and
suburban environments. This broad range of delay spread
corresponds to 30 to 300 kHz channel coherence band-
width which is, at the upper limit, comparable to the
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Fig. 3. Performance of the R = 1=2, M = 6 convolutional code
with DQPSK in frequency and power pro�le (b) over the EIA \Ur-
ban Fast" fading channel model (5.2314 Hz doppler). Solid curves
are for the multistream system, and dashed curves are for the single
stream system.
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ral Fast" fading channel model (5.2314 Hz doppler). Solid curves
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signal spectrum thereby introducing 
at fades for low de-
lay spread channels such as dense urban environments. In
a worst case scenario, no frequency diversity scheme can
mitigate the severe 
at fading which may extend across
the whole spectrum of the radio signal. In frequency
domain, frequency dispersion ranges between 0.2 Hz to
15 Hz for very low to very high speed vehicles. For static
channels, such as a slowly moving vehicle, the channel
varies very slowly in time and therefore, time diversity
schemes cannot combat various channel impairments such



PAC rate 5 dB 6 dB 7 dB 8 dB

I or I 0 only 99.1 99.926 100 100

I + II or
I
0 + II

0
97.967 99.34 100 100

I + II + II
0 or

I
0 + II + II

0
79.28 91.72 96.71 98.92

I + I
0 + II or

I + I
0 + II

0
80.65 93.01 97.81 99.42

I + I
0 + II + II

0

(full rate PAC)
65 85.97 94.57 98.35

Table 5. Frame throughput in % for di�erent PAC rates and
SNR (Eb=N0) values under fast urban channel condition (5.2314 Hz
doppler).

PAC rate 6 dB 7 dB 8 dB 10 dB 12 dB 15 dB

I or I 0 only 95.1 97.3 98.9 100 100 100

I + II or

I
0 + II

0
85.9 91.6 95.0 99.9 99.9 99.9

I + II + II
0
or

I
0 + II + II

0
60.2 68.0 76.3 83.6 93.1 95.8

I + I
0 + II or

I + I
0 + II

0
57.7 67.2 76.3 87.2 92.2 94.6

I + I
0 + II + II

0

(full rate PAC)
37 46.7 59.7 80.2 89.8 92.4

Table 6. Frame throughput in % for di�erent PAC rates and
SNR (Eb=N0) values under slow urban channel condition (0.1744
Hz doppler).

as selective and 
at fading conditions.
In our systems we try to achieve maximum diversity

across both time and frequency dimensions within the al-
lowable bandwidth and time delay using the multi-stream
PAC format. This frequency distribution of the substreams
is shown in Figure 3. At the transmitter side, the sub-
streams I and II are mapped across the upper band, and
the complementary substreams I 0 and II 0 are assigned to
the lower band of the DAB signal with a 3 second delay.
We performed end-to-end simulation for the proposed

multi-stream system under urban fast and urban slow fad-
ing channel models. In these simulations we have used
1024 tones over 400 kHz, 500 msec interleaving, rate 1/2
M = 6 coding and DQPSK in frequency. We considered
PAC audio frames of 2000 encoded bits and analyzed the
system performance in terms of frame error rate vs. sig-
nal to noise ratio. We utilized the 9-ray EIA model with
5.2314 Hz doppler for urban fast and the same EIA model
with 0.1744 Hz doppler rate for urban slow in our analy-
sis, [7]. The �nal results are listed in Table 5 and Table 6.
Note the robustness and graceful degradation.

4 DISCUSSION AND CONCLUSIONS

We have introduced a number of new ideas for im-
proving HIBOC FM systems. Multistream transmission,
multidescriptive audio coding, unequal error protection,
nonuniform power pro�les and sideband time diversity im-
proves signi�cantly the robustness of HIBOC FM. A very
high quality audio is achieved when both sidebands are re-
ceived. Graceful degradation is obtained in the presence
of �rst and second adjacent interference.
Further improvements are obtainable by introducing

the List Viterbi Algorithm (LVA) [8] in the receiver. The
LVA is backward compatible with a system using a stan-
dard Viterbi Algorithm. Finally yet another dimension
for generalization of the above ideas. In all the systems
above we assume that the host analog FM signal and the
digital OFDM signals are nonoverlapping in frequency.
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