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Abstract—This paper provides an overview of the physical layer
of the Forward Link Only (FLO) Air Interface. The FLO Air
Interface is a key component of the MediaFLO system developed
by QUALCOMM as an alternative mobile multicast technology
for the efficient transmission of multiple multi-media streams to
mobile devices using TV and multi-media channel bandwidths in
VHF, UHF, or L-band. The main concepts and features of the FLO
Air Interface including the modulation and coding techniques
used, the frame structure, and the different sub-channels within
the physical layer are described. The available data rates as well
as other characteristics of FLO are also described. Finally, the
performance of the FLO physical layer in representative channel
environments is presented.

Index Terms—Forward error correction, mobile communi-
cation, modulation, multicast channels, orthogonal frequency
division multiplexing (OFDM).

I. INTRODUCTION

I N THE LAST few years, multiple technologies have been
proposed to address delivery of streaming multimedia to mo-

bile devices, such as cell phones, handhelds, gaming consoles,
etc. These technologies have typically leveraged upon either 3rd
generation cellular/PCS [1], [2] or digital terrestrial TV broad-
cast technologies [3]–[5]. The former suffers from the problem
that unicasting (one-to-one communication) is a spectrally inef-
ficient and expensive way to solve this problem, while the latter
approach is often found to be confined by the need to satisfy
legacy constraints in the interest of backward compatibility.

In order to effectively address this problem, a new Air Inter-
face has been developed based on Forward Link Only (FLO)
technology for QUALCOMM’s MediaFLO mobile multimedia
multicast system. Since FLO technology was designed from
ground up to be a multicasting network, which is overlaid upon a
cellular network, it doesn’t need to support any backward com-
patibility constraints. More specifically, the FLO physical layer
targets transmission in the VHF/UHF/L-band frequency bands,
over channel bandwidths of 5, 6, 7, and 8 MHz. Hence, both the
network infrastructure and the receiver chain (in the device) are
separate from those for the cellular/PCS network. Moreover, as
the name suggests, the technology relies on the use of a forward
link (network to device) only. FLO enables the efficient mul-
ticasting of multiple, multimedia services, including real-time
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(video/audio/tele-text), non real-time (i.e., clip casts, which are
downloaded for later viewing), and IP datacast, to mobile (FLO)
devices, e.g., cell phones, handhelds, gaming consoles, etc. An
important characteristic of the FLO device is that it is operated
using a limited battery source. Minimizing the power dissipa-
tion is a very important factor in order that the device can still
be used for other tasks, e.g., receive or make cellular phone calls
in addition to receiving FLO transmission.

FLO is targeted to achieve a capacity of 1 bit per second (i.e.,
6 Mbps in a RF channel bandwidth of 6 MHz). Since the FLO
device typically uses a small display, it is possible to achieve an
average bit rate of 200–250 kbps for a real time video/audio ser-
vice with the use of advanced compression techniques, such as
H.264/AVC and its variants. Hence, FLO can support the trans-
mission of about 20 real time services over a 6 MHz bandwidth.

The FLO system consists of two parts: (a) The FLO network,
which includes the collection of transmitters and the backhaul
network, and (b) The FLO device, which may be a cell phone,
handheld, or gaming console. This paper is concerned with the
air interface between the FLO network and the FLO device, and
in particular provides an overview of the physical layer part of
this interface.

The paper is organized as follows: In Section II, we describe
the main concepts in the FLO physical layer. This serves to
highlight the important points and features in the design without
getting into details of the signal structure. These details are the
subjects of Sections III and IV. The frame structure of the FLO
waveform is described in Section III, while the operations re-
quired for the generation of each physical layer sub-channel is
described in Section IV. Performance results for the FLO phys-
ical layer in different channel environments are provided in Sec-
tion V, followed by some concluding remarks in Section VI.

II. MAIN CONCEPTS

To achieve good receiver performance and high spectral
efficiency of multimedia multicasting in a mobile communi-
cations environment, the FLO physical layer uses Orthogonal
Frequency Division Multiplexing (OFDM) as the modulation
technique. In addition, it incorporates advanced forward error
correction techniques involving the concatenation of a parallel
concatenated convolutional code (PCCC), also called Turbo
code, and a Reed-Solomon erasure correcting code. Moreover,
various parts of the physical layer have been carefully designed
to further improve receiver performance and to ensure a most
satisfactory user experience. These main concepts incorporated
in the FLO air interface design are the subject of this section.

A. Single Frequency Network (SFN) Operation

To ensure that the user experience is as uniform as possible
over the entire coverage area and optimize spectral efficiency
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Fig. 1. Spectrum of an OFDM signal.

and network economics, FLO employs the concept of SFN op-
eration [6], [7]. In such a network, the signals from multiple
transmitters carry the same content and transmit identical wave-
forms. As a result, they can be viewed by the receiver as if
they are signals from the same source with different propaga-
tion delays. In such a case, a FLO device receives the combined
signal from the near-by transmitters. The FLO receiver demod-
ulates the combined signal from multiple surrounding transmit-
ters, ensuring a smooth transition from the coverage area of
one transmitter to the next in an SFN. As a result, no explicit
hand-off operation is necessary. On the other hand, under such
SFN operations, the delay spread of the equivalent communi-
cation channel will be quite large, and equalization will be an
essential component of the receiver. In order to perform effec-
tive equalization of the signal transmitted over such channels,
FLO uses OFDM as its modulation technique.

B. OFDM

OFDM is a form of multi-carrier modulation [8]. Roughly
speaking, the available bandwidth is divided into N bins, re-
ferred to as sub-carriers, with each sub-carrier modulated by
a quadrature amplitude modulated (QAM) symbol, as is illus-
trated in Fig. 1. The bit stream to be transmitted is divided into
N sub-streams, with each sub-stream having a fraction of the
overall rate and being assigned to 1 of the N sub-carriers. There-
fore, the OFDM symbol duration is nominally increased by a
factor of N compared to the symbol rate of the composite bit
stream, thereby making OFDM very resilient to operation even
in channels with large multi-path delay spreads. Consequently,
OFDM enables the achievement of higher capacity, compared
to single-carrier modulation methods. Moreover, for high data
rates, the implementation of equalization in single-carrier sys-
tems may not be practically feasible. For these reasons, the ma-
jority of standards for digital, terrestrial TV transmission also
employ OFDM as the modulation technique [5], [9].

In FLO, transmission and reception are based on using 4096
(4K) subcarriers and the QAM modulation symbols are chosen
from a QPSK or 16-QAM alphabet. For an RF channel band-
width allocation of 6 MHz, the 4K subcarriers span a band-
width of 5.55 MHz, which is also referred as the chip rate. The
chip rates for 5, 7, and 8 MHz allocations are 4.625, 6.475, and
7.4 MHz, respectively. We note that the chip rate is smaller than
the allocated RF bandwidth. For the 6 MHz case, this choice of
chip rate enables meeting the regulatory (e.g., from the FCC in
the United States) transmit spectral mask, which typically has
very stringent requirements on side-bands outside the allocated

Fig. 2. OFDM symbol structure-time domain.

bandwidth. Henceforth, for the purpose of this paper, we assume
6 MHz RF channel bandwidth unless stated otherwise.

The sub-carrier spacing, , is given by

The sub-carrier spacing places limits on the receiver perfor-
mance at high vehicular speeds. High Doppler results in inter-
carrier interference (ICI) which can lead to packet error rate
(PER) floors at high SNR. In the case of FLO, we desire any
PER floors to be below 1% (see Section V). With the above
sub-carrier spacing, this is ensured for all choices of constella-
tion and code rate up to a mobile speed of 120 kph. For certain
constellations and code rates, it is possible to operate at much
higher vehicular speeds.

The frequency location of the 4K subcarriers at base-band is
given by

where is the sub-carrier spacing. Of the 4K subcarriers,
96 are unused and are referred to as guard subcarriers. The in-
dices corresponding to the guard subcarriers are 0, , 47, 2048,
and 4049, , 4095, where the sub-carrier 2048 corresponds to
DC and is not transmitted. The remaining 95 guard subcarriers
on the two sides serve the following two purposes in the device:
(1) The base-band receive filter can have a larger transition band
for meeting the adjacent channel interference (ACI) rejection
specifications. (2) The power levels of noise and rejected ACI
that is aliased within the signal bandwidth is reduced. The re-
maining 4000 subcarriers are referred to as active subcarriers,
which are modulated by data or pilot symbols.

In the time-domain, each OFDM symbol consists of a number
of (base-band) samples, called OFDM chips. These chips are
transmitted at a rate of 5.55 MHz. The total OFDM symbol
interval is comprised of four parts: a useful part with du-
ration , a flat guard interval with duration and two
windowed intervals of duration on the two sides, as il-
lustrated in Fig. 2. In the literature, the useful interval and the
flat guard interval are also referred to as the FFT interval and
the cyclic prefix, respectively. The total OFDM symbol interval
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Fig. 3. Overlap of windowed OFDM symbols.

then has duration , where
, and .

Hence, chips.
As shown in Fig. 3, there is an overlap of between con-

secutive OFDM symbols. Hence, the effective OFDM symbol
interval is defined to have a duration

chips. The effective OFDM symbol interval is
also referred to as the OFDM symbol interval. For FLO, with
6 MHz RF bandwidth, it is equal to .

For FLO, the cyclic prefix is a fixed fraction (1/8th) of the
useful interval of the OFDM symbol. The significance of the
cyclic prefix in an SFN environment is that as long as the re-
ceived paths from multiple transmitters have a differential dis-
tance of less than 27.7 km, the resulting multipath channel will
not lead to either inter-symbol interference (ISI) or inter-carrier
interference (ICI) at the receiver [10]. Furthermore, in order that
the performance degrade gracefully for channels with multipath
delay spreads greater than the cyclic prefix, the pilot sub-carrier
indices are staggered (see Section IV-C-8 in consecutive OFDM
symbols, with the number of pilot sub-carriers in each OFDM
symbol closely matched to the cyclic prefix duration in chips.
This enables a FLO receiver to use the pilot (sub-carrier) ob-
servations from multiple OFDM symbols in order to estimate
channels with delay spreads up to two times the duration of the
cyclic prefix. The selection of cyclic prefix duration and pilot
subcarrier structure is based in part on coverage studies in SFNs
using high power1 transmitters, at UHF, that also accounted for
receiver degradations (e.g., due to ISI/ICI).

The purpose of the windowed portions of the guard intervals
is to improve the spectral mask of the base-band OFDM signal
by attenuating the side-bands, over that obtained by using a rect-
angular window function. This is beneficial in reducing the at-
tenuation requirements of the filtering after the (high) power am-
plifier at the transmitter and thus simplifies spectral planning in
shared use RF allocations.

The main OFDM parameters in FLO for 6 MHz2 RF channel
bandwidths are summarized in Table 1.

Finally, it is noteworthy that for mobile multicasting applica-
tions, the choice of 4096 subcarriers in FLO is more appropriate
than two alternative choices, namely 2048 and 8192 for FLO’s
intended application environment. For transmission in the
UHF/VHF bands, using 8K sub-carriers impairs receiver per-
formance at high speeds due to increased sensitivity to Doppler
impairments. Also, the receiver and its memory size is almost

1The maximum Effective Radiated Power (ERP) used was 50 kW.
2For alternate RF channel bandwidths, the values for sub-carrier spacing and

time duration(s) in Table 1. are easily derived from the corresponding (scaled)
chip rate.

TABLE 1
FLO OFDM PARAMETERS

Fig. 4. FLO interlace structure.

doubled compared to using 4K subcarriers, since the FFT block
accounts for most of the receiver size. On the other hand, using
2K subcarriers would imply having to double the overhead due
to the cyclic prefix in order to support the same transmitter
spacing as a system using 4K subcarriers.

C. Interlace Structure

As stated above, in each FLO OFDM symbol, there are 4000
active subcarriers. These active subcarriers are further equally
divided into eight disjoint groups called interlaces. An inter-
lace consists of 500 subcarriers that are evenly spaced across
the FLO signal bandwidth, as illustrated in Fig. 4. The interlace
index ranges from 0 through 7. Note that, between the adjacent
subcarriers within each interlace, there are 7 subcarriers, each of
which belongs to a different interlace. In each OFDM symbol,
either interlace 2 or 6 is assigned to the FDM Pilot and is used
for channel estimation [11]. Hence, 500 of the active subcarriers
are modulated with known (pilot) modulation symbols. The re-
maining 7 interlaces, or 3500 subcarriers, are available for mod-
ulation with data symbols. In FLO, both the data and pilot sub-
carriers are modulated with symbols that have the same energy
(see Section IV-D).

The main advantages of the interlace structure are:
1) It enables the frequency-division multiplexing of FLO log-

ical channels, referred to as Multicast Logical Channels
(MLCs), which are described below, within each OFDM
symbol without the loss of frequency diversity. The min-
imum frequency allocation to an MLC, within a single
OFDM symbol, is an interlace. Hence, at most 7 MLCs
can be multiplexed within a single OFDM symbol. Since,
the subcarriers within an interlace span the total FLO signal
bandwidth there is no loss of frequency diversity, compared
to the case where all the active subcarriers are used.
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2) It enables the transmission of MLCs with finer granularity.
For transmission at high spectral efficiency, tens of kbits
can potentially be transmitted within a single OFDM
symbol. Hence, having the ability to allocate a fraction of
the subcarriers to MLCs enables supporting low data rate
MLCs without incurring a large overhead expense.

3) The interlace structure is also beneficial from a receiver
power consumption point of view. The FFT block in the
receiver can be designed such that only the required subset
of interlaces, corresponding to the desired MLCs, are
demodulated. Hence, when combined with the frequency
multiplexing of MLCs, the receiver need not always be
performing a 4096-point FFT, thereby saving on power
consumption.

D. Multicast Logical Channels (MLCs) and Statistical
Multiplexing

A FLO-based system is capable of multicasting various ser-
vices, such as live video and audio streams (News, Music, or
Sports channels), subtitles or stock-quotes for broadcast data.
A service can be viewed as an aggregation of one or more re-
lated data components, such as the video, audio, text or signaling
associated with a service. Furthermore, services are classified
into two types based on their coverage: Wide-area services and
Local-area services. A local-area service is multicast for recep-
tion within a metropolitan area. By contrast, Wide-area services
are multicast in one or more metropolitan areas.

Each FLO service is carried over one or more logical chan-
nels, referred to as Multicast Logical Channels or MLCs. An
MLC has the attribute that it contains one or more decodable
subcomponents of a service that is of independent reception in-
terest. Furthermore, an important aspect is that MLCs are dis-
tinguishable at the physical layer. For example, the video and
audio components of a given service can be sent on two different
MLCs. A device that is interested in the audio component only
can receive the corresponding MLC without receiving the MLC
for the video component, thereby saving on battery resources.

The data rates required by these services are expected to
vary over a wide range, depending on their multimedia content.
While low to moderate data rates, i.e., tens of kbps, are suffi-
cient for data and audio streams, video streams may require
instantaneous rates ranging from a few kbps to a few Mbps
even though the average rate is in the range of 200–300 kbps.
Thus, effective use of statistical multiplexing [12] can signifi-
cantly increase the number of services supported by a multicast
system using a specified channel bandwidth.

In FLO, statistical multiplexing of different services, or
MLCs, is achieved by varying only the MLC time and fre-
quency allocations over prescribed time intervals to match the
variability in the MLC’s source rates. We exclude the possibility
of varying the constellation and code rate assigned to an MLC
in order to maintain a constant coverage3 area for each MLC.

3By coverage here, we mean the fraction of locations in a geographical region
where a FLO device can receive service, assuming a specific deployment of FLO
transmitters in that region. Reception of a service, in turn, can be based on the
packet error rate (PER) exceeding a specific threshold, e.g., 1% for real-time
video and audio services. The transmit mode determines the lowest Signal-to-
Noise Ratio (SNR) at which the PER threshold can be achieved, thereby im-
pacting coverage.

Specifically, MLCs are transmitted over a certain number of
OFDM symbols to achieve Time-Division Multiplexing (TDM)
and a subset of the interlaces in these OFDM symbols to
achieve Frequency-Division Multiplexing (FDM). Moreover,
the time and frequency allocations for each MLC vary over
the duration of transmission of the MLC. It is important to
note that mobile devices are constantly updated on the time
and frequency allocations of the MLCs so they know when to
“wake up” to receive a specific MLC.

Furthermore, a video or audio stream can be sent in two
layers, i.e., a base (B) layer that enjoys reception over a wide
area and an enhancement (E) layer that improves the audio-vi-
sual experience provided by the base layer over a more limited
coverage area, as discussed below.

However, we restrict the base and enhancement layers of a
given service to be sent within a single MLC.

In contrast with other digital TV transmission standards, for
example DVB-T and ISDB-T, the implementation of statistical
multiplexing in FLO enables the receiver to demodulate and de-
code only the MLC(s) of interest. In the case of these other stan-
dards, the receiver must demodulate and decode the entire trans-
mission, and only then de-multiplex the signal portion of in-
terest. Hence, using FLO provides significant savings in power
consumption due to the reduced receiver “on” time, which is
very important for reception when using mobile units with lim-
ited battery power.

The choice of constellation and code rate for each
MLC is based on various factors, including the service
(wide-area/local-area) area, the content (video/audio/data),
coverage requirements and whether layered modulation is used.
FLO provides several choices for constellation and code rate
that allow a service provider to tradeoff spectral efficiency
against coverage. Furthermore, for any choice of constellation
and code rate, the variable time and frequency allocations can
be used to scale the achievable data rates.

E. Wide and Local Coverage

The transmitters in a FLO network are assumed to be dis-
tributed over a wide geographical area, e.g., the west coast of the
continental United States. Since, the typical transmit power for
the TV bands in UHF/VHF are assumed to be high, e.g., 50 kW
ERP, it is anticipated that transmitter spacing can be fairly large,
e.g., 30–40 km. In this setting, a few transmitters (2–3) may be
sufficient to cover a metropolitan market area.

All transmitters within the FLO network are assumed to
be synchronized in transmit time and carrier frequency. The
term Local-area is used to denote the transmitters within a
metropolitan area. Transmitters in one or more metropolitan
areas that multicast the same Wide-area services constitute
a Wide-area. Hence, a Wide-area consists of one or more
Local-areas, with the transmitters in the different Local-areas
multicasting different Local-area services and possibly using
different RF center frequencies. As a result, the transmit
waveform is not identical for all Wide-area transmitters in
their local portion of transmission. Finally, transmitters in
different Wide-areas also transmit different waveforms, since
they multicast different Wide-area and Local-area services . An
example of a FLO network consisting of two Wide-areas and
four Local-areas is illustrated in Fig. 5.
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Fig. 5. Wide and local coverage areas.

Note that, in the case of FLO, within a local or wide area, the
notion of an SFN may apply, while at the boundaries between
local (or wide) areas there might be interference between neigh-
boring transmissions. The case of different local-area transmis-
sions occupying different RF center frequencies is commonly
referred to as multi-frequency network (MFN). Even in a MFN
scenario, it is possible for a FLO device to receive a wide-area
service without interruption when moving between neighboring
local-areas, implying “soft” handoff capability.

F. Forward Error Correction Coding

It is well known [8] that in order to gain the benefits of OFDM
over time/frequency-selective channels the use of forward error
correction is mandatory. The FLO design is based on the use
of a concatenated coding scheme, consisting of an outer Reed-
Solomon (RS) code and an inner parallel concatenated convo-
lutional code (PCCC), also called turbo code.

More specifically, the outer code consists of an
Reed-Solomon code over the Galois Field with 256 elements,

, and is intended for erasure-correction. The value of
is fixed at 16, while the value of can be chosen from the set

{8, 12, 14, 16}. The case of corresponds to the case when
no RS encoding is actually performed. For the case of ,
14, the generator polynomial and parity check matrix are iden-
tical to those in the EV-DO Gold Multicast (BCMCS, TIA-1006)
standard [13].

For MLCs containing a base and enhancement layer, the en-
coding is done independently for each layer.

As shall be discussed below, when an MLC is transmitted,
a minimum number of packets must be sent within a specified
time unit called a superframe. Briefly speaking, a superframe
has the duration of exactly 1 second, and consists of 4 frames of
equal duration, each roughly 1/4th of a second. These packets
are first RS-encoded and then Turbo-encoded. They are referred
to as MAC layer packets. During the Reed-Solomon encoding
process, parity packets are generated for every infor-
mation packets. CRC bits are generated for each of the N packets.
The packets with data and CRC bits are Turbo encoded and trans-
mitted. Thus, the minimum number of information packets of an

MLC that can be transmitted in a superframe is . The collection
of information packets and parity packets is referred to
asanRS,orouter, codeblock.Finally,MLCtransmissions ineach
superframe are always in integer multiples of outer code blocks.

During transmission, each RS code block is split into 4 equal
sub-blocks, with each sub-block sent in a unique frame within
a super-frame. The main purpose of utilizing RS-coding is to
exploit the time diversity of the packets within a superframe.
The time span of the packets of an RS code block is at least
0.75 seconds. Such a time span ensures decorrelation of these
packets even at low vehicle, or pedestrian, speeds and improves
the robustness of reception in impulsive noise environments.

The rationale for choosing and the allowed range for
should now be apparent. Since, an MLC is always transmitted

in integer units of code blocks, it is desirable to choose small
in order to enable transmission of MLCs with low granularity.
Moreover, the value of directly dictates the complexity of
RS decoding in the device. A smaller value translates into lower
complexity, which is beneficial from the viewpoint of device
implementation. Finally, link-level simulations showed that the
smallest value of that guarantees acceptable performance in a
variety of reception scenarios is 16. With regard to choosing ,
the values 8, 12 enable recovery of the code block even when en-
tire4 sub-block(s) sent in a frame are received in error after turbo
decoding. These choices for are especially advantageous for
reception at pedestrian speeds. Choosing can provide
improved performance at high mobile speeds, compared to the
case when no RS encoding is performed, i.e., .

The MAC information or parity packets are Turbo coded. The
structure of the encoder is the same as that used in the CDMA
2000 1X and 1X EV-DO standards [1], [2]. In FLO, the code
rates used are 1/5, for transmitting critical overhead information,
and {1/3, 1/2, 2/3} for transmitting MLCs. The higher code rates
are obtained from the base code rate using puncturing.

The inner code exploits the frequency-diversity inherent in
the channel. Compared to convolutional coding, it is well known
that a system employing Turbo coding requires lower signal to
noise ratio (SNR) and, thus, has a higher system capacity (more
bits per Hertz). This advantage is especially significant for an
OFDM system when the channel has spectral nulls, which are
likely to occur in an SFN environment.

G. Regular and Layered Subcarrier Modulation

Each active subcarrier is modulated with a symbol chosen
from a QAM constellation. In FLO, the choices are: (1) Regular
(non-layered): the constellation could be QPSK and 16-QAM.
(2) Layered: the constellation is one of the generalized 16-QAM
constellations. Higher order constellations, e.g., 64-QAM, are
not used in FLO because of the higher SNRs typically required
for reception as well as the need for larger receiver implemen-
tation margins.

In FLO the notion of layering is supported across different
layers of the associated protocol stack. Hence, at the application
layer, the source encoders produce 2 components, base and en-
hancement layer bit streams, associated with the same service.

4More specifically, this implies that reception of the FLO signal is possible
even in the presence of a (signal) fade or an impulse (burst) noise of duration
500 ms or 250 ms for K equal to 8 or 12, respectively.
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The devices that can only reliably receive the base layer bits can
provide the user this service, albeit at lower quality. A device
that can reliably receive both base and enhancement layer bits
can provide the same service at better, i.e., enhanced, quality.

These two components are independently processed in the
Upper layers of the FLO Air Interface. Both the outer and the
inner encoding operations are performed independently on the
bit streams associated with the two components, with the en-
coded, interleaved bits streams finally getting combined when
determining the constellation point. The modulation symbol is
either chosen from a uniform or non-uniform 16-QAM constel-
lation. In either case, the base layer bits are mapped to the more
reliable bits of the constellation and the enhancement layer bits
are mapped to the less reliable bits of the constellation. As a re-
sult, the base layer bits can be demodulated more reliably than
the enhancement layer bits.

Such utilization of layered modulation is particularly suitable
and advantageous for digital multicasting applications, where
the signal strength is not evenly distributed in the entire coverage
area. It provides more flexibility in coverage and link budget
planning. Specifically, we don’t have to design the coverage
based on the worst case link budget. For example, we can let
users in 90% of the coverage area receive the enhancement layer
signal, while those in the remaining area can receive only the
base layer signal. In such a manner, it is possible to improve the
coverage or spectrum efficiency without increasing transmitter
power while still providing an acceptable user experience.

H. Spectral Efficiency

The spectral efficiency of a transmission scheme is defined as
the number of information bits transmitted per second per unit of
bandwidth (Hz). For FLO, the calculation of this value is com-
plicated by the fact that different MLCs are transmitted using
only a fraction of the available time-frequency space. They may
also use different constellations and code rates. The computa-
tion is therefore simplified by assuming that all MLCs use the
same constellation and code rate and by disregarding the over-
head incurred because of the outer code. This provides a valu-
able benchmark for each choice of constellation and code rate,
from which the actual MLC data rate is obtained by scaling the
benchmark with the average “on” time and bandwidth occupied
by the MLC.

Based on the above assumptions, the spectral efficiency, , is
easily computed for the different constellations and code rates.
For FLO, is given by:5

In the above equation, is the number of bits needed to
represent the modulation symbol on each subcarrier. For QPSK,

, while for 16-QAM, . For a layered constel-
lation the above equation computes the spectral efficiency for
each layer (with ). The values for , , and

5This equation computes the spectral efficiency of the physical layer only, and
hence ignores the overhead due to padding of MAC layer packets, TDM pilots
and overhead OFDM symbols and RS encoding.

TABLE 2
FLO DATA RATES, SPECTRAL EFFICIENCY, AND AWGN PERFORMANCE

OIS: Overhead Information Symbols (see Section III)

the channel bandwidth are known and fixed. Hence is a func-
tion of two parameters, namely and , and is propor-
tional to the product of those parameters.

Table 2 lists the different possible combinations of
and . For each combination,6 the spectral efficiency, the
data rate (in a 6 MHz channel bandwidth), and the required
Carrier-to-Noise ratio (C/N) for operation7 in the Additive
White Gaussian Noise (AWGN) channel is listed. The required
C/N is based on the packet error rate without R-S coding, and is
reflective of the inner turbo code performance. In the following
sections, each row in Table 2 is referred to as a FLO mode and
is referenced by its corresponding row number, which ranges
from 0–11. Modes 0–5 are referred to as the regular modes,
while modes 6–11 constitute the layered modes.

For the layered modes, the required C/N values for the base
and enhancement layers are indicated using “(B)” and “(E)”, re-
spectively. The constellation is chosen from one of two options,
distinguished by their energy ratio. The energy ratio (ER) is de-
fined as the ratio of the energy of the base component to that of
the enhancement component. For modes 6–8, the energy ratio
is 4.0 and the constellation is identical to that for 16-QAM. For
modes 9–11, the energy ratio is 6.25 and the constellation is a
non-uniform 16-QAM constellation. The data rate and spectral
efficiency of the layered modes is cumulative over base and en-
hancement layers.

From Table 2, note that a minimum spectral efficiency of
0.47 bits/sec/Hz is achieved with regular QPSK of code rate

6Since the row Mode 5 depicts a combination used only for the Overhead
Information Symbols (OIS) OFDM symbols and not data MLCs, we do not list
the spectral efficiency and corresponding data rate.

7A detailed discussion of the performance requirements for FLO operation
and results in other channel scenarios are presented in Section V.
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Fig. 6. FLO superframe structure.

1/3, while a maximum spectral efficiency of 1.86 bits/sec/Hz is
achieved with either regular 16-QAM and code rate 2/3, or a
layered constellation with a code rate of 2/3 on both the base
and enhancement layers. These numbers imply that the phys-
ical layer can support data rates ranging from 2.8–11.2 Mbps in
a 6 MHz channel bandwidth. Similarly, data rates ranging from
3.7–14.9 Mbps in a 8 MHz channel bandwidth can be supported.

III. SUPERFRAME STRUCTURE

In this section, we describe the FLO superframe structure
in detail and discuss how its design contributes to a number
of FLO’s desired properties and advantages over competing
technologies.

As mentioned in Section II-A, transmitters in the FLO net-
work are synchronized with respect to transmit time and carrier
frequency. This network synchronization can be achieved, for
example, by using GPS. Transmit times should be synchronized
to within a small fraction (2%) of the cyclic prefix duration of
92.25 . On the other hand, the maximum allowed carrier fre-
quency offset is less than of the RF carrier frequency.

At each transmitter, the transmitted data are organized as
super-frames, whose time duration is exactly 1 second. Since
GPS is the most likely candidate for synchronizing multiple
transmitters and GPS receivers produce a 1 pulse-per-second
(pps) signal, timing synchronization of FLO signals from mul-
tiple transmitters can be achieved by simply aligning the super-
frame boundary with the GPS 1 pps signal at each transmitter.
This reduces the overhead information that must be sent over
the backhaul8 link in order to synchronize these transmitters.

Since the OFDM symbol duration is exactly 0.833 , ms,
each superframe consists of 1200 OFDM symbols for 6 MHz
RF bandwidth.9 The structure of the super-frame is shown in
Fig. 6. A superframe is divided into four portions: TDM pilots,
OIS, data frames and Positioning Pilot Channel (PPC).

There are four TDM pilot OFDM symbols at the beginning of
each super frame: TDM pilot 1 (TDM1), Wide-area Identifica-

8The backhaul link is necessary in order to move content from a central NOC
(Network Operations Center) to each transmitter site.

9For {5, 7, 8} MHz RF bandwidths, there are {1000, 1400, 1600} OFDM
symbols, respectively, in each superframe.

tion Channel (WIC), Local-area Identification Channel (LIC),
and TDM pilot 2 (TDM2). TDM1 is the first symbol of a su-
perframe and marks its beginning. In addition to being used for
frame synchronization, TDM1 can also be used for initial time
and frequency synchronization. Following TDM1 are the WIC
and LIC symbols, which identify Wide and Local areas that cor-
respond to the receiver location. The last symbol in this portion
is TDM2. The main purpose for TDM2 is to provide more pre-
cise timing information so the receiver can immediately start
decoding the information carried by the OIS.

Following the TDM pilot symbols are two sections of OIS,
each consisting of five OFDM symbols that carry overhead in-
formation regarding the wide and local data channels. Specifi-
cally, they contain the time-frequency allocation for each MLC
in the current super-frame.

Following the OIS portions are four data sections, called
frames, of equal duration. When an MLC is transmitted in
a super-frame the payload is divided into four equal bursts,
with each burst transmitted in a unique frame. Each burst then
consumes part of the time-frequency resource available within
each frame. The time allocation is in units of OFDM symbols,
while the frequency allocation is in units of interlaces. In FLO,
an imposed simplification is that the time-frequency allocation,
i.e., the collection of OFDM symbols along with the number of
interlaces corresponding to each of these OFDM symbols, for
an active10 MLC is identical in the frames within a super-frame.
However, the time-frequency allocation for an MLC can change
from one superframe to the next.

As mentioned in Section II-E, FLO supports the transmission
of both wide-area and local-area services. Because, a wide-area
may consist of multiple local-areas, and there is the possibility
of interference between transmissions received at the boundary
between neighboring local-areas, the waveforms corresponding
to the two types of services are time-division multiplexed.
This enables the independent optimization of the transmit
waveforms intended for the different coverage areas. Hence
each frame is subdivided into two parts, as shown in Fig. 6.
The first part is referred to as the Wide-area Data Channel

10An MLC is said to be active in a particular superframe if data corresponding
to that MLC is transmitted in the superframe.
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and is dedicated to the transmission of wide-area services, and
the second part is referred to as the Local-area Data Channel
and is used solely for the transmission of local-area services.
Correspondingly, the OIS is subdivided into two equal parts,
as discussed above. The percentage of capacity allocated to
the wide-area (or local-area) data channel can vary from 0 to
100%. Although the percentage can be set in every superframe,
it is expected to vary infrequently.

In FLO, the available time-frequency (channel) resources are
allocated once for both the wide-area and the local-area MLCs
in each superframe. The OIS channels preceding the data frames
contain the time-frequency allocation for each MLC in these
frames. As mentioned earlier, the constellation and code rate are
typically not altered11 while transmitting an MLC; however, the
time-frequency allocations for an MLC typically change from
one superframe to the next.

With regard to the super-frame duration, there are several
consequences to making the super-frame size large. The con-
sequences are

(a) Though the instantaneous source rates of individual
MLCs vary with time, the aggregate payload from all
MLCs transmitted in a super-frame is approximately
constant; the approximation becoming more exact with
increasing super-frame duration. This yields greater
statistical multiplexing gain;

(b) Larger time-diversity across frames is gained from larger
frame sizes;

(c) Larger buffer sizes and longer latencies for source (video/
audio) decoding;

(d) Longer acquisition time for the mobile when switching
between MLCs.

A superframe duration on the order of 1 second is a good com-
promise. It enables deriving the benefits of (a), (b) without in-
curring significant penalty with (c), (d). More specifically, FLO
can transmit tens of MLCs in each super-frame, thereby deriving
the benefits of statistical multiplexing (a). Moreover, since FLO
targets mobile users whose speeds can be as low as 3 kph, the co-
herence time12 of the channel can be as large as 212 ms. Hence,
a frame duration of 250 ms allows de-correlating the transmis-
sions in multiple frames, providing time-diversity gains (b). It
should be noted that such time diversity gain is achieved inde-
pendent of the MLC’s data rate. Since the instantaneous rates
for video streams can be as large as 1 Mbps, a buffer size of
1 Mbits, which is feasible in mobile devices, is needed. Finally,
with a superframe duration of 1 second, the average switching
time between MLCs is 1.5 seconds, which is reasonable in terms
of matching user expectations.

IV. PHYSICAL LAYER SUB-CHANNELS

A. TDM Pilot Channels

The first four symbols in a superframe are all TDM pilot
channels that are used primarily for initial acquisition, which

11Parameters that do not vary on a super-frame basis are not sent in the OIS.
Instead, they are sent in designated MLCs, referred to as the Control Channel.

12At an RF frequency of 719 MHz, a mobile speed of 3 kmph results in a
Doppler frequency of f = 2 Hz. The coherence time is given by 0:423=f
[14].

Fig. 7. Time and frequency domain characteristics of TDM1 and TDM2.

involves the estimation of local oscillator frequency offsets
and receiver timing, i.e., the position of the FFT window, as
well as determining the local and wide areas for the receiver
location. These channels, i.e. TDM1, TDM2, WIC and LIC
channels, share a common property: they are all periodic
within an OFDM symbol. Equivalently, only part of the active
subcarriers in an OFDM symbol have non-zero magnitude
and there are an equal number of zeros between two non-zero
subcarriers. Below, we provide a detailed description of these
channels.

1) TDM Pilot 1 (TDM1) Channel: TDM1 is the first OFDM
symbol in each superframe. It consists of 36 periods, each of
which is 128 chips long. Note that 32 of the 36 periods corre-
spond to the FFT duration of 4096 chips, and the remaining four
correspond to the cyclic prefix of 512 chips. In the frequency do-
main, 124 out of 4000 active subcarriers are non-zero and there
are 31 zeros between any two adjacent non-zero subcarriers (see
Fig. 7). The non-zero subcarriers are modulated by QPSK sym-
bols derived from a PN-sequence.

TDM1 can be used for: (a) superframe synchronization;
(b) initial LO frequency offset estimation; and (c) coarse timing
determination.

2) Wide-Area Identification Channel (WIC) and Local-Area
Identification Channel (LIC): Following TDM1 are one WIC
symbol and one LIC symbol. They are used by the receiver to
determine the wide and local areas that correspond to the FLO
device location. Both WIC and LIC symbols are similar in struc-
ture. They both have one non-zero interlace, i.e., the interlace
with index 0, and the other 7 interlaces are inactive. In other
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words, there are 7 zeros between any two adjacent non-zero sub-
carriers.13 Consequently, the WIC and LIC symbols consist of 9
periods, each of which is 512 chips long, and one of the periods
corresponds to the cyclic prefix.

The non-zero interlace of the WIC and LIC symbols are modu-
lated by a QPSK symbol sequence that depends on the wide- and
local-area index assigned to the transmitter. Specifically, a PN
sequence of length 1000 bits is generated using a Linear Feed-
back Shift Register (LFSR) whose seed depends on the wide-
area and local-area indices (See Section IV-C). The PN sequence
is then scrambled with a 1000 bit zero sequence, and the resulting
1000 bits are mapped to 500 QPSK symbols. The wide-area
index can take on values between 0 and 15, and the same holds
for the local area index as well. The receiver can determine the
wide and local area indices by performing hypothesis testing on
the received sequence in the WIC and LIC OFDM symbols.

3) TDM Pilot 2 (TDM2) Channel: TDM2 is the fourth
OFDM symbol in a superframe. It has 2000 non-zero sub-
carriers, or 4 non-zero interlaces. Each interlace is modulated
by QPSK symbols, which are zero data symbols scrambled
by a PN sequence. There is one zero subcarrier between any
two adjacent non zero subcarriers. In time domain, TDM2 is
periodic with two periods, each of which is 2048 chips long,
plus the cyclic prefix (see Fig. 7).

Based on the coarse timing determined from TDM1, the re-
ceiver utilizes TDM2 to accurately refine the timing, or FFT
window position, to within a few chips. TDM2 can also be used
to generate an initial estimate of the channel.

4) Transition Pilot Channel: Each continuous portion
of local/wide-area OIS and local/wide-area data channels is
flanked by a pair of known symbols, called Transition Pilot
Channel (TPC) symbols. The TPC symbols are used to as-
sist channel estimation for demodulation of the data OFDM
symbols adjacent to them. All eight interlaces are non-zero in
each TPC symbol; hence, they do not consist of any periodic
components, other than the cyclic prefix.

5) Reserved OFDM Symbols/Positioning Pilot Channel:
The last portion of a superframe consists of 2, 6, 10, or 14
OFDM symbols that can be either reserved symbols to fill the
superframe or Positioning Pilot Channel (PPC) Symbols. These
PPC symbols are unique for each transmitter and can be used
for transmitter identification and/or position location of the
receiving device using triangulation methods. They have not
been completely defined at the time of writing this paper.

B. OIS Channels

Different types of overhead or control information are trans-
mitted over the FLO network.

One of the more critical pieces of overhead information con-
veyed to the mobile receivers is the time-frequency allocations
for each MLC. This overhead information is transmitted through
the overhead information symbols (OIS) and also by embedding
it in the traffic payload.

The OIS consists of 10 OFDM symbols separated into two
parts: (a) wide-area, and (b) local-area. The Wide-area OIS con-

13Strictly speaking this is true at all carriers except for those around the DC
carrier.

tains information about those MLCs that are common to the
wide area, while the local-area OIS contains information about
those MLCs that are common to specific local coverage areas.
By separating local and wide-area information, coverage areas
for the OIS are ensured to be commensurate with coverage areas
for the corresponding MLCs.

The OIS channels are special cases of data channels. The de-
tails of the generation of data channel symbols described in the
next section generally apply to the OIS as well. Here, we only
describe properties specific to the OIS.

The modulation used for the OIS is QPSK. OIS is only turbo
encoded at the rate of 1/5 with no RS encoding. Such modulation
and the low code rate ensure robust recovery of the OIS at SNRs
below the threshold SNR for data traffic transmitted in a super-
frame, even with the loss of time-diversity due to absence of RS
encoding.

In both the wide-area and local-area OIS, exactly seven
packets are transmitted, with each occupying exactly five slots
in either one or two OFDM symbols. Each information packet
contains 976 bits, or 6832 overhead information bits in both
the wide-area and local-area OIS. This is sufficient to support
the transmission of a maximum of 170 MLCs, assuming that
the OIS uses about 40 bits per MLC, in the wide-area and
local-area segments of a super-frame. Since 10 OFDM symbols
are used in each super-frame to convey the OIS, the result is a
small spectral efficiency penalty of .

In addition to the OIS, the time-frequency allocations of
MLCs are also carried by embedded overhead information
in the traffic payload. Two different mechanisms are used for
sending the allocation information because the mobile uses
each mechanism in a different set of scenarios. The OIS is
used (a) during initial acquisition, (b) if the mobile is not able
to decode the contents of a super-frame, (c) if the user desires
to switch to a different service and thereby needs to decode a
different set of MLCs, and (d) if the mobile is in “sleep” mode
and needs to occasionally wake up to receive any updates. On
the other hand, while successfully14 decoding an MLC, the
mobile uses the embedded overhead information to determine
the “on” time for this MLC in the next super-frame. Hence, in
this case, the mobile does not have to wake up to decode the
OIS in the next superframe. The use of embedded overhead
thus leads to reduced power consumption.

Note that the embedded overhead in a particular MLC con-
tains information pertaining only to that MLC, while the OIS
carries allocation information for all MLCs.

C. Data Channels

The data channels occupy most of the superframe and carry
the multicast multimedia information to the FLO devices.

Fig. 8 shows the procedures for the generation of OFDM sym-
bols in the data channels.

1) Form MAC Layer Packets and RS Encoding: As discussed
above, the multimedia information bit streams are organized as
MLCs. Each MLC consists of a number of MAC layer packets,
each of which are of size 976 bits. During the encoding process,

14By successful decoding, all erasures within each RS code block are cor-
rected by the RS decoding algorithm.
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Fig. 8. Generation of data channel.

Fig. 9. RS-code block.

MAC layer information packets are collected together. The
bits in each packet are grouped into 8-bit octets. Reed-Solomon
encoding is then performed on each column of octets to pro-
duce codewords of length octets (see Fig. 9). The parity octets
of each codeword form new packets. 16 bit CRC values
are generated for each of the MAC layer information packets
as well as the parity packets. These packets are subsequently
turbo encoded. The collection of MAC layer packets and

parity packets is referred to as an RS, or outer, code
block as shown by Fig. 9. Finally, MLC transmissions in each
superframe are always in integer multiples of outer code blocks.

During transmission, each RS code block is split into 4 equal
sub-blocks, with each sub-block sent in a unique frame within
a super-frame. This is illustrated in Fig. 10, for the case of

. Each sub-block consists of 1/4th of the rows in the RS
code block, i.e., either 4 MAC layer or 4 parity packets (Fig. 10).
The time-spacing of an RS code block over a super-frame in-
creases the time-diversity gained across each code block. In par-
ticular, if the entire contents in a frame can be lost,
yet the information transmitted in the super-frame can still be
recovered, providing significant gains in slow fading channels
and impulsive noise environments.

Fig. 10. Division of an outer code block into sub-blocks across the frames.

When an MLC containing multiple outer code blocks needs
to be transmitted in a superframe, then the process is repeated
for each code block. A sub-block from each code block is sent
in every frame with all of the sub-blocks assigned to a frame
transmitted contiguously. The following algorithm is utilized
while transmitting the MAC layer and parity packets: Let the
MAC packets in a code block be denoted by m-n, where m refers
to the code block number and n refers to MAC packet number
within a code block. In the -th frame, , in a superframe,
n varies from to , where i is the frame number while
m ranges from 1 to G (G is the number of code blocks of the
MLC sent in a superframe).

As an example, for the MAC layer and parity packets
are transmitted in the order 1-1, 2-1, 1-2, 2-2, 1-3, 2-3, 1-4, 2-4,
1-5, 2-5, , 1-16 and 2-16. This interleaving of MAC layer and
parity packets increases the time diversity within a frame for
each RS code block, which can be significant for large values
of G.

2) CRC and Physical Layer Packets (PLPs): After the RS
code blocks are formed, 16 CRC bits are generated for each row
of an RS-code block using the standard CRC-CCITT generator
polynomial:

These CRC bits are used to determine, at the receiver,
whether the packet was correctly decoded. This information
is then used by the decoder for the outer RS code to perform
erasure correction.

Following the addition of the CRC, each row of an RS-code
block is padded with 2 reserved bits and 6 dummy tail bits, so
each padded row becomes exactly 1000 bits. This is also re-
ferred to as a turbo information packet or a physical layer packet
(PLP).

3) Turbo Encoding: The PLPs are then coded by a Turbo
code, also referred as the inner code. The main purpose of the
inner code is to exploit the frequency-diversity inherent in the
channel. It is the same turbo code defined in the cdma2000 and
1x-EV-DO standards described in [1], [2]. Multiple code rates
are supported in FLO. The code rates for transmitting MLCs are
{1/3, 1/2, 2/3}. For transmitting the OIS, the code rate is 1/5.

The encoding operation is essentially a block operation, with
an encoded output packet generated for each input packet. The
encoder discards the dummy tail bits of the input PLP and en-
codes the remaining bits with a parallel turbo encoder. If R is the
code rate, then the turbo encoder adds an internally generated
tail of 6/R output code bits. The total number of turbo encoded
bits at the output is 1000/R. Thus, for MLC transmissions, an
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Fig. 11. The block bit interleaving process.

encoded packet contains 1500–3000 bits, while for the OIS, an
encoded packet contains 5000 bits.

4) Block Bit Interleaving: The output bits of the inner en-
coder are bit-interleaved, modulated into symbols, with a further
level of (symbol) interleaving prior to assignment to sub-car-
riers. The overall purpose of interleaving is to try and ensure
that consecutive bits in the decoder input experience frequency
fading that is uncorrelated, enabling the recovery of the encoded
packet as whole.

The specific purpose of bit interleaving is twofold. The code
bits of each turbo encoded packet are interleaved such that:

1) Adjacent coded bits are mapped into different constellation
symbols; and

2) For 16-QAM modulation, adjacent coded bits are alter-
nately mapped into the more and less “reliable” bits in the
constellation, which uses a Gray mapping.

To perform the interleaving operation, an interleaver buffer
consisting of rows by 4 columns is used, where de-
notes the number of bits in a turbo encoded packet, which ranges
from 1500–3000, depending on the inner code rate chosen for
an MLC.

The various steps in bit interleaving are illustrated in Fig. 11
for the simple case of a 20 bit packet. In this example, the inter-
leaver buffer consists of five rows and four columns. Code bits
are written into the buffer column by column (see Step a). The
middle two columns are then swapped, for every alternate row,
starting with the top row (see Step b). For rows not processed
in Step (b), the entries in the first and last column are swapped
(see Step c). Finally, the bits are read out from left to right from
each row starting with the top row (see Step d).

Note that, Steps (b) and (c) increase the separation of adjacent
code bits for QPSK. Step (c) also helps achieve criterion (2)
above for 16-QAM.

5) Filling Slot Buffers: The smallest unit of bandwidth al-
located to an MLC over an OFDM symbol corresponds with
a group of 500 constellation symbols. This group is called a
slot. Note that the term slot refers to a group of constellation
symbols, while the term interlace refers to a group of subcar-
riers, and each slot is mapped to one interlace. For QPSK and
16-QAM constellations, the 500 constellation symbols corre-
spond to 1000 and 2000 bits respectively. In the OFDM symbols
of each frame, up to 7 data slots are allocated per OFDM symbol
for the transmission of the multiple turbo encoded packets asso-
ciated with one or more MLCs, and the remaining slot is dedi-
cated to pilot symbols. For some modes, a turbo encoded packet

occupies a fraction of the slot. However, slot allocations are
done so that multiple MLCs do not share slots within OFDM
symbols. This is possible because each MLC contains an in-
teger number of RS blocks, i.e., turbo packets, in
each superframe, or turbo packets in a frame. It is easy
to verify that, for any FLO mode, turbo packets always
occupy an integer number of slots. Slot allocation decisions are
made at the MAC layer and remain in effect for all four frames
in a super-frame. It should be noted that each MLC can span
multiple OFDM symbols.

6) Scrambling: The bits in each slot buffer are XORed se-
quentially with the output bits of a scrambler to randomize the
bits prior to modulation. The scrambling operation is performed
for two reasons: (a) Minimize the magnitude of the peaks in
the FLO waveform, resulting in Peak-to-Average Power Ratio
(PAPR) properties similar to that of a Gaussian distribution. (b)
Enable the FLO device to distinguish the FDM Pilot Channel
of the desired15 signal at the boundary between neighboring
wide/local-areas (see Section IV-D).

The scrambling sequence used for any slot buffer depends
on the OFDM symbol index and slot index. The sequence is
produced by taking the modulo-2 inner product of the output of
a 20-tap LFSR with the generator polynomial

, and a 20-bit mask associated with the slot index.
The scrambler is reinitialized at the start of each

slot. The initial state of the LFSR is changed
after each OFDM symbol. The state is denoted as

. Bits
are set to the 4-bit Wide-area Differentiator (WID).

Bits is set to 0000 for TDM2 and wide area-related
channels, and to the 4-bit Local-area Differentiator (LID) for
local area related channels. Bit is a reserved bit and shall be
set to ‘1’. Bits through shall correspond to the OFDM
symbol index number in a superframe, which ranges from 0
through 1199. The shift register is reloaded with a new state

for each slot at the start of every OFDM symbol.
The mask values used for each slot are pre-calculated to

divide the state space of the LFSR into 8 non-overlapping
segments.

7) Subcarrier Modulation: Three modulation modes, i.e.,
QPSK, 16QAM and layered modulation, are employed in FLO.
Two or four scrambled coded bits map to an QPSK or 16QAM
constellation, respectively. For layered modulation, 2 base layer
bits and 2 enhancement layer bits are combined and mapped to
a uniform or non-uniform 16-QAM constellation. The bits cor-
responding to the base component determine the quadrant that
the point lies in, while the enhancement component bits deter-
mine the point, within the quadrant selected by base component
bits, as is shown in Fig. 12.

In Fig. 12, the average energy per constellation point is
, of which is the contribution from the base

component, while is the contribution from the enhance-
ment component. The ratio is referred to as the energy
ratio of the layered constellation, and, for FLO, is either equal
to 4.0 or 6.25.

15The desired signal in this context is the stronger (in received power) of the
interfering signals.
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Fig. 12. Bit mapping in layered modulation.

8) Slot to Interlace Mapping: In FLO either interlace 2 or 6 in
each OFDM symbol is used as the FDM pilot, alternating from
one OFDM symbol to the next. The pilots are staggered in two
consecutive OFDM symbols to allow for doubling the length
of the channel estimate in the receiver from 512 to 1024 chip-
spaced taps. This allows channel estimates with delay spreads
up to twice as large as the length of the cyclic prefix. This is
important in the context of improved performance in channels
with delay spread exceeding the cyclic prefix.

As a result, only 7 interlaces in each OFDM symbol can
carry constellation symbols of MLCs. From the viewpoint of
the scheduler, there are eight slots per OFDM symbol, with Slot
0 always assigned to the pilot and the remaining slots available
for allocation to MLCs.

The FDM Pilot Channel is assigned to interlace 2 and 6
for even and odd OFDM symbol indices, respectively. The
remaining 7 interlaces in each OFDM symbol are assigned to
slots 1 through 7.

The slot to interlace mapping for slots 1 though 7 can be de-
scribed as follows:

Let denote the interlace. Permute the interlace se-
quence by replacing the index in with
the bit reverse value of i, to generate the permuted sequence,

.
Club interlaces and in the PS to generate shortened in-

terlace sequence, .
From one OFDM symbol to next in a superframe, perform a

right hand cyclic shift by a value of , where
is the OFDM symbol index in a superframe, to

generate the permuted shortened interlace sequence.
Interlace or , whichever is not occupied by the pilot slot

shall be used in the permuted interlace sequence.
Fig. 13 illustrates the interlace assignment to all 8 slots over

15 consecutive OFDM symbol intervals. The mapping pattern
from slots to interlaces repeats after 14 consecutive OFDM
symbol intervals.

Fig. 13. Slot to interlace mapping at the start of the superframe.

The above mapping ensures that the MLC payload, even
though allocated to a fixed set of slots in each frame, gets
distributed over all interlaces in multiple OFDM symbols. This
results in improved demodulation performance on channels
with periodic nulls.

9) Mapping of Modulation Symbols Into Subcarriers: After
a slot is mapped to one of the eight interlaces, the constellation
symbols of that slot are mapped to the subcarriers of that in-
terlace. To achieve maximum frequency diversity, the indices of
the 500 subcarriers within a interlace are first interleaved using a
bit-reversal mapping. Subsequently, the 500 constellation sym-
bols in a slot are assigned sequentially to the subcarriers of the
interlace, using the interleaved index. This ensures that the ad-
jacent symbols of a slot are mapped to distant subcarriers within
each interlace.

Since 500 is not a power of 2, the following reduced-set bit
reversal operation is used:

where , ,

and is the regular bit-reversal function.

D. FDM Pilot Channel

The FDM pilot used for channel estimation is always allo-
cated to Slot 0 by the scheduler. As shown in Fig. 13, Slot 0 is
either assigned to interlace 2 or 6. The subcarriers of the pilot
interlace are modulated with QPSK symbols with the same en-
ergy as the MLC constellation symbols on the other interlaces.
The justification for this selection is as follows: Let denote the
energy ratio of the pilot to data sub-carriers. Intuitively, the se-
lection of involves trading off the channel estimation accuracy
with the SNR of the data sub-carriers. Using link-level simula-
tions, we evaluated the PER performance of FLO in both Ad-
ditive White Gaussian Noise (AWGN) and fading channels for
different . The results showed that the PER performance for

was as good as, if not better than, that for other choices
of .

The QPSK constellation points for the (FDM) pilot sub-car-
riers are generated using the same LFSR used by the scrambler.
The starting value for the LFSR and the output mask are chosen
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according to the procedure outlined in Section IV-C. Before run-
ning the LFSR, the slot (zero) buffer is filled with a 1000-bit
all-zero pattern.

The different transmitters generate the same pilot (constella-
tion) symbol sequence in a particular wide-area OFDM symbol.
This is needed to estimate the composite channel and avail the
gains from the SFN nature of wide-area transmissions. How-
ever, the pilot symbol sequence changes from one wide-area
OFDM symbol to the next. The same is true for different trans-
mitters within a local coverage area for local-area OFDM sym-
bols, i.e., transmitters in different local coverage areas transmit
different pilot symbol sequences in the same local-area OFDM
symbol. This allows the receiver to estimate the channel from a
single local coverage area, thereby enabling the demodulation
and decoding of the content from that particular local area.

V. PERFORMANCE

In this section, we present representative performance results
for FLO in a few different channel environments. In terrestrial
mobile multicasting, using high power transmitters, the chan-
nels are characterized by the presence of both frequency-selec-
tive and time-selective fading. The former results from the large
possible (channel) delay spreads, while the latter is due to de-
vice motion. In addition, the device must receive transmissions
in the presence of adjacent/co-channel interference, RF receiver
and fixed-point quantization floors, etc.

In evaluating the performance of the FLO physical layer, we
use packet error rate (PER) as the primary criterion. Two refer-
ence points within the device are used at which PER is mea-
sured: (a) Pre-RS decoding, and (b) Post-RS decoding. Note
that, at reference point (a), a packet is a PLP (1000 bits), while
for (b), a packet denotes a MAC layer packet (976 bits). Further-
more, for coverage purposes, we target a PER of 1%. This error
rate (and below) has been verified as adequate16 for the opera-
tion of video and audio decoders.

In Section II-H, we listed the possible FLO modes. In the
initial deployment of FLO systems, the preferred modes are 7
(Layered, energy ratio 4, code rate 1/2) for video streams and
2 (16-QAM, code rate 1/3) for audio streams, while mode 1
(QPSK, CR 1/2) is intended for use in sending overhead infor-
mation sent in an MLC. In the sequel, we focus on the perfor-
mance of these modes. Another consideration is the selection of
RS (outer) code rate. The values of interest are 12/16 and 16/16,
with no RS encoding performed in the latter case.

We first examine the performance of FLO on the Additive
White Gaussian Noise (AWGN) channel. On this channel, the
only impairment is noise, and the PER is plotted against the
Carrier-to-Noise (C/N) power ratio, in dB, in Fig. 14. The PER
curves in Fig. 14 are obtained without the use of RS encoding,
and, hence, are reflective of the performance of the inner (Turbo)
code. Note that performance of the base layer and the enhance-
ment layer in Mode 7 is shown separately. In order to achieve a
PER of 1%, the required C/N ranges from 1.8 dB to 9 dB over
the FLO modes shown in Fig. 14. The required C/N for all the
modes is listed in Section II-H (Table 2).

16The video and audio decoders used typically rely on advanced error con-
cealment strategies in order to operate at such high PER.

Fig. 14. Performance of typical FLO modes in AWGN channel.

TABLE 3
MODIFIED PEDB MULTIPATH PROFILE

Next, we examine the performance of FLO on a channel with
both frequency-selective and time-selective fading. The model
considered is a modified Pedestrian B (PEDB) profile [15] in
order to represent a SFN deployment. The basic PEDB profile,
consisting of 6 channel taps, is modified by adding an additional
cluster of 6 taps that is both delayed in time (40 us) and atten-
uated by 5 dB relative to the main cluster. Hence, this channel
profile models reception at a particular point in an SFN with two
transmitters, such that the path differential between signals from
the two transmitters is 12 km. The channel profile is given in
Table 3, with the powers of the taps normalized to sum to 1. Each
tap experiences independent Rayleigh fading, with the Doppler
spectrum dependent on the speed of the mobile (device).

Fig. 15 depicts the performance of FLO for the modified
PEDB profile. The RS code rate was set to 12/16 in generating
these results.

In Fig. 15, we plot the C/N required to achieve a PER of 1%
against the Doppler frequency, where is the
vehicle speed, is the carrier center frequency, and is the
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Fig. 15. Required C/N as a function of Doppler frequency for modified PEDB
profile.

speed of light. The carrier center frequency is assumed to be
700 MHz (UHF), and the RF channel bandwidth is 6 MHz.

We observe that all the depicted FLO modes perform very
well over a wide range of Doppler frequencies, ranging from
2–130 Hz. At a carrier frequency of 700 MHz, this corresponds
to vehicle speeds ranging from 3–200 km/hr. The excellent per-
formance at low (pedestrian) speeds is due to the RS code ex-
ploiting the time-diversity inherent across MLC transmissions
in a super-frame. With a RS code rate of 12/16, the outer code
can correct packet erasures due to fades lasting the duration of
a frame. The good performance at high speed is the result of
the choice of sub-carrier spacing, FDM pilot channel design,
and the use of a powerful (Turbo) inner code. It is also note-
worthy that, for speeds ranging from 3–120 km/hr, the perfor-
mance of FLO over the modified PEDB channel model agrees
closely (within 1–1.5 dB) with the performance over the Typical
Urban, 6-path, channel model (TU6) [16].

The results presented in Figs. 14 and 15 have been corrobo-
rated in the laboratory with actual handsets that contain dedi-
cated RF and base-band chips, along with software implemen-
tation of the Upper layer protocol stack for FLO. In addition,
QUALCOMM performed extensive field testing in San Diego
using two high power transmitters and actual handsets. Each
transmitter radiates the FLO signal at 50 kW effective radi-
ated power (ERP) and the distance between the transmitters is
36 kilometers. The two transmitters were set up to create an SFN
with an overlapping coverage area.

The methodology used in collecting field results, as well as
the performance results obtained are summarized in a white
paper [17]. In Figs. 16 and 17, we show some representative re-
sults. The curves in Fig. 16 were obtained from drive tests along
highways, where the speed was about 105 km/hr, while those in
Fig. 17 are from pedestrian indoor tests.

It can be seen from the figures that the required C/N for 1%
PER is about 8–9 dB for Mode 2, 10 dB for the base layer
of Mode 7 and about 15 dB for the enhancement layer. These
numbers are in excellent agreement with those from the mod-
ified PEDB profile in Fig. 15, despite the fact the we have no

Fig. 16. Results from drive tests along highways.

Fig. 17. Results from pedestrian indoor field tests.

control over the channel profiles from each transmitter in the
field. Hence, the modified PEDB channel model provides a good
benchmark for predicting field performance.

The required C/N does not vary for the two extremes of
highway and pedestrian speeds. Drive tests at intermediate
speeds in urban and suburban environments also yielded sim-
ilar results [17]. Furthermore, these results from field testing
in the overlapping (coverage) area of the transmitters confirm
the practical feasibility of FLO SFNs, which result in improved
coverage and spectral efficiency. The field results show that the
performance of FLO is robust to varying reception conditions
in the real world.

VI. CONCLUSION

In this paper, we have described the major features of the
physical layer of the FLO (Forward Link Only) air interface.
A detailed description of the various physical sub-channels and
the resulting transmit waveform has also been provided. As a
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technology for delivering multimedia content to mobile hand-
held devices, FLO is a ground up effort, unlike other technolo-
gies that have evolved from existing or legacy systems. Con-
sequently, FLO is not constrained to be backward compatible
and can address the problem in the most efficient manner. For
instance, the MediaFLO system is optimized across all layers
of the protocol stack and is an integrated solution for multicast
delivery. At the physical layer, the lack of compatibility con-
straints allows FLO to use turbo coding instead of convolutional
coding and leads to a significant improvement in the required
link budget.

More generally, the physical layer design has been driven
by constraints specific to the mobile multicast scenario, such
as minimizing the device power consumption and minimizing
channel switch times while maximizing time & frequency di-
versity gains. In addition, it maximizes the spectral efficiency
of the network, while providing sufficient flexibility in deploy-
ment. We have described the key features of FLO that achieve
these goals, e.g. multiplexing the services in time and frequency
to minimize receiver ON time; supporting variable rate codecs
& statistical multiplexing for capacity gains; the use of outer
R-S coding across the frames in a superframe to capture time
diversity and minimize channel switch times; the use of layered
codecs & modulation for trading off coverage and data rate of a
service; and so on.

It is also important to note that FLO, while being a new
technology, is already in a mature state of design, development
and standardization. A consortium of companies, the FLO
Forum, was established for promoting FLO. The member
companies approved the FLO Air Interface specification, which
was subsequently submitted to and recently standardized by
TIA17 (TR47.118) as Technical Standard TIA-1099 [18].

On the development front, both the high power transmitter
and the receiver for FLO have been implemented in hardware
and integrated with the rest of the protocol stack in software.
The performance of the system has been tested thoroughly in
the lab and the field. As shown in this paper, the results from
the field tests confirm that the performance of FLO matches the
predicted results and achieves our design goals.
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