
A Novel System based on Filtered Multitone Modulation and RCPC codes for
Video Transmission

Chirag Jain‡ Anant Malewar† Nitin Jadon† Vikram Gadre†

TI-DSP Lab, Electrical Engg. Department, IIT Bombay, Mumbai - 400076
†[anant,njadon,vmgadre]@ee.iitb.ac.in

‡Chirag.Jain@iitbombay.org

Abstract

Multicarrier systems are adopted in several standards for
their ability to achieve optimal performance in highly dis-
persive channels. In particular, Orthogonal Frequency
Division Multiplexing (OFDM) and Filtered Multitone
(FMT) systems are two special cases of multicarrier sys-
tems which differs in terms of spectral partitioning. FMT
does not require any cyclic prefix and virtual carriers,
thus increases the bandwidth efficiency as compared to
OFDM systems, but requires effective equalization tech-
niques. Although, FMT suffers from higher computa-
tional complexity than OFDM, it yields much better per-
formance in terms of bit error rate (BER). Hence, FMT
is a possible alternative to OFDM for broadband wire-
less applications. In this paper, we have proposed the
idea of using FMT for video transmission and we have
also implemented Rate Compatible Punctured Convolu-
tional (RCPC) codes to provide unequal error protection
of the data according to their relative significance. More-
over, significant gains have also been achieved in terms of
transmission efficiency by using RCPC codes for video
transmission.

1. Introduction
Multicarrier modulation is the approach to design a band-
width efficient communication system in the presence of
channel distortion in which the available channel band-
width is subdivided into a number of subchannels. The
spectral partitioning in multicarrier systems can be re-
alized in terms of overlapping or non-overlapping sub-
bands. Orthogonal Frequency Division Multiplexing (
OFDM) is one of the most widely used multicarrier sys-
tems which uses subchannels with overlapping spectra
and the modulation filter has an ideal rectangular am-
plitude characteristic in time domain [1]. It requires a
cyclic prefix (CP) and virtual carriers to ensure zero in-
tersymbol interference (ISI) and zero inter carrier inter-
ference (ICI). OFDM modulation is adopted by IEEE for
the extension of the 802.11 wireless LAN standard to the
5GHz band (IEEE 802.11a), providing data rates up to
54Mb/s. In high speed wireless data applications, al-

though OFDM has been adopted due to its relatively sim-
ple receiver structure as compared to the single carrier
transmission in frequency selective fading channels, it
suffers from loss of efficiency owing to CP. Moreover, an-
other major problem with OFDM is its sensitivity to fre-
quency offset which is also due to large spectral overlap
among the subchannel pulses. It has been shown that if
frequency offset correction algorithms are not used, then
the BER performance degrades severely in practical im-
plementations of OFDM systems. In addition, in the pro-
cess of ensuring perfect orthogonality, we can only ob-
tain side lobes which are just 13dB below the main lobe,
which leads to significant power loss. This also increases
the number of virtual carriers required for the OFDM sys-
tem.

On the other hand, in Filtered Multitone (FMT), the
bandwidth of each of the subcarriers is chosen to be quasi
orthogonal, which is achieved by using steep roll-off band-
pass filters [2, 3]. In fact, we choose a particular case of
a uniform filter bank consisting of frequency shifted ver-
sions of a low pass prototype filter. Since, the linear trans-
mission medium does not destroy orthogonality achieved
in this manner, cyclic prefix is not needed. Though effec-
tive equalization techniques are required at the receiver
end to remove ISI, it can be a good alternative for OFDM.

In this paper, we have extended the idea of using mul-
ticarrier modulation for video transmission by using FMT
as the modulation scheme. Inherently, a compressed video
stream has varying degrees of importance. By using Rate
Compatible Punctured Convolutional (RCPC) codes, one
can have a video stream protected with varying levels of
redundancy as per the importance of data stream. MPEG-
4 ISO/IEC visual standard facilitates this by introduc-
ing Data Partitioning mode for effectively separating the
header, motion and texture information. Header and Mo-
tion information being more important, can be protected
with high rate codes, while texture information can be
protected with lower rate codes. RCPC codes facilitates
this using a single encoder and decoder for the purpose
of encoding and decoding a bitstream with varying code
rates, thereby lowering the system implementation cost.
The paper is organized as follows, Section II describes the
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FMT modulation scheme. Section III describes the equal-
ization techniques used for FMT. In Section IV, we dis-
cuss application of FMT to video transmission. Section
V describes RCPC codes. Section VI elaborates on how
MPEG-4 data is generated for transmission over FMT
system. Section VII explains the system model for end
to end video data delivery. Finally, in section VIII and
IX, we discuss simulation results and conclusion.

2. Filtered Multitone Modulation
FMT modulation is the special case of multicarrier modu-
lation in which the spectral partitioning is non-overlapping
in nature. This filter bank modulation technique is based
on M-branch filters that are frequency shifted versions
of a low pass prototype filter (uniform filter bank). The
prototype filter achieves a high level of spectral contain-
ment such that the interchannel interference (ICI) is al-
most negligible in the system and the subcarriers can be
considered to be close to orthogonal, irrespective of the
length of the multipath channel.

Fig. (1) represents the filter bank implementation of
the FMT system and Fig. (2) shows the FMT spectrum
of first 5 subchannels. The inputs A(i)(k) are BPSK or
QAM symbols which can come from different constella-
tions. After up-sampling by a factor of M , each modu-
lation symbol A(i)(k) is filtered at a rate M/T (where T
is the FMT symbol period) by the subchannel filter, cen-
tered at frequency fi = i/T . The transmit signal x(n)
is obtained at the transmission rate M/T by adding to-
gether the M filter output signals that have been appro-
priately frequency shifted. In the notation and figures, we
have denoted k as the index for samples with a sampling
period equal to T and n for the samples with a sampling
period equal to T/M . In the receiver filter bank architec-
ture (shown in Fig.(1)), the receiving filters {g(i)(n)} are
designed to be matched to the corresponding ones in the
transmitter, i.e., G(i)(f) = (H(i)(f))∗. B(i)(k) are the
symbols which are obtained after the FMT demodulation.

The compromise to have quasi orthogonal system leads
to attain high spectral containment having side lobes upto
76dB below the main lobe, resulting in negligible ICI.
But, the time domain response of these filters may over-
lap several successive transmitted symbol periods. So,
per subchannel equalization is necessary to reduce the
effect of ISI. FMT has already been proposed for both
wired [2] and wireless communications [3] as an alterna-
tive to most widely adopted OFDM.

3. Equalization in FMT System
A number of receiver algorithms are known which repeat
the equalization and decoding tasks on the same set of
received data by exchanging soft information iteratively
rather than hard information (symbol estimates), where
feedback information from the decoder is incorporated

Mg(0)(n)
B(0)(k)

M

M

M

..

A(M−1)(k)
h(M−1)(n)

M/T

Filter

1/T

Expander

M/T

y(n)

M/T 1/T

Decimation
Filter

Receiving

..

..

..

M

Mg(1)(n)

g(M−1)(n)
B(M−1)(k)

B(1)(k)

x(n) w(n)

c(n)

..

..

A(0)(k)

A(1)(k)

h(0)(n)

h(1)(n)

Transmitting

Figure 1: Analysis and Synthesis Filter Bank

Figure 2: FMT Spectrum with 64 sub-channels: 5 first
sub-channels

into the equalization process. Turbo Equalization is one
of such iterative equalization and decoding techniques,
which can provide impressive gains for communication
systems that require data transmission over ISI channels
[4, 5]. Typically, in turbo equalization based systems,
maximum a posteriori (MAP) based techniques, most of-
ten a Viterbi algorithm (VA) producing soft output infor-
mation, are used exclusively for both equalization and de-
coding. But they suffer from high computational load for
the channels with long memory. Recently, reduced com-
plexity structure of soft-in soft-out (SISO) equalizer were
introduced using linear equalizer (LE) and decision feed-
back equalizer (DFE) based on minimum mean squared
error (MMSE) criteria [6]. The soft information is in the
form of log likelihood ratios (LLR) and is exchanged it-
eratively between the equalizer and decoder. A suitably
chosen termination criterion stops the iterative process.
Fig. (3) depicts the basic turbo FMT system [7].
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Figure 3: Basic Turbo-FMT system

The binary data dj is encoded with a convolutional
encoder yielding code symbols xj , which are mapped to
the alphabet B of the signal constellation. In this model,
for simplicity we have used binary phase shift keying
(BPSK), i.e., B ∈ {−1,+1}. The interleaver permutes



the xj symbols and after FMT modulation, the data is
transmitted over the ISI channel. The noise is modeled
as additive white Gaussian noise (AWGN), i.e., the noise
samples are independent and identically distributed (i.i.d.)
with normal probability density function (pdf)

fw(w) =
1√

2πσ2
w

e−w2/2σ2
w = N (0, σ2

w) (1)

and independent of the data. After demodulation the data
zn is passed through the turbo equalizer block which equal-
izes and decodes it to give the binary data dj .

In the next section, we describe concept and the im-
plementation of using FMT for video transmission.

4. Application of FMT to Video
Transmission

One of the main goals in the near future is the devel-
opment of multimedia systems efficient in terms of data
coding, compression and transmission techniques, which
could handle real-time communications. Moreover, the
systems have to be adaptive according to the changing
channel conditions. We have extended the idea of us-
ing multicarrier modulation for video transmission and
replaced OFDM with Filtered Multitone (FMT).

The design of an error correction coding system usu-
ally consists of selecting a fixed code with a certain rate
and the correction capability, which is matched to the
protection requirement of the data to be transmitted. In
many cases however, one would like to be more flexi-
ble because the data to be transmitted has different error
protection needs, the channel is time varying or the chan-
nel has insufficiently known parameters. Therefore, there
is a need of a flexible channel encoder and an adaptive
decoder. So, in addition to introducing FMT for video
transmission, we have also applied unequal error protec-
tion (UEP) using Rate Compatible Punctured Convolu-
tional (RCPC) codes to have proper protection of the data.
UEP has been shown to provide good performance in the
case of transmission of compressed sources, where the
bits produced have a different significance [8]. Before
we proceed, we discuss some basic concepts of RCPC
codes.

5. Rate Compatible Punctured
Convolutional codes

Unequal error protection is classically performed at the
channel coding level through convolutional codes and,
more recently, using turbo codes. Some recent studies
propose to perform unequal error protection in the mod-
ulation domain, exploiting the characteristics of multi-
carrier modulations [9]. In our simulations, we have ex-
ploited the former way of implementing UEP. Basically,
while transmitting compressed digital signals, it is of-
ten needed to transmit some of the information bits with

more redundancy than others. So, we wish to change
the code rate and hence the correction power of the code
during the transmission of a piece of information accord-
ing to source and channel needs. For practical purposes,
we would like to have not just switching between a set
of encoders and decoders, but one encoder and one de-
coder which can be modified without changing their ba-
sic structure. This can be achieved by not transmitting
certain code bits, namely, by puncturing the code. Ha-
genauer [8] was the first to propose punctured codes for
variable transmission redundancy. In order to accommo-
date soft decisions and channel state information (CSI) at
the receiver, a maximum likelihood decoder is required.
This motivates the use of convolutional codes and the
Viterbi algorithm for decoding.

The concept of punctured convolutional codes is mod-
ified for the generation of a family of codes by adding a
rate compatibility restriction to the puncturing rule. The
restriction implies that all the code bits of a high rate
punctured code are used by the lower rate codes. This
allows transmission of incremental redundancy and con-
tinuous rate variation to change from low to high error
protection within a data frame.

In our simulations, we have assumed that the channel
conditions are already known at the receiver. We have
used two separate streams of data bits and applied the
puncturing according to their relative significance.

6. Generation of MPEG-4 video data
In order to evaluate the performance of video transmis-
sion with the proposed technique, we focused on MPEG-
4 [10], the recent MPEG ISO/IEC standard for video com-
pression. The MPEG-4 standard utilizes the concept of
object-based coding, allowing interactivity, and layered
coding. As most video compression standards, it exten-
sively relies on prediction and entropy coding and it is
consequently very sensitive to channel errors.

With the goal of transmission over error prone chan-
nels, some error resilience tools have been added to the
MPEG-4 standard: in particular, with the use of Resync
markers, the MPEG-4 bit stream can be created with pack-
ets which are of almost the same length, separated by start
codes. Start codes are unique words, recognizable from
any sequence of variable length codewords, but not robust
to channel errors. The data partitioning tool allows the
separation of data with different significance within the
packet. Regardless of these tools, MPEG-4 video trans-
mission over wireless channels is still critical: for this
reason, studies aimed at efficiently transmitting MPEG-
4 video over wireless channels are currently being un-
dertaken. If properly exploited, error resilience tools can
produce a further improvement of the received video qual-
ity. In particular, the data partitioning tool can be usefully
exploited with the purpose of performing unequal error
protection: information bits contained in each packet are



separated in three partitions, viz. header, motion and tex-
ture, each of which has a different sensitivity to channel
errors.
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Figure 4: Modified Turbo Equalization system to incor-
porate unequal error protection

7. System model
In this work, we have coded the first 35 frames of a video
sequence (“foreman” test sequence in QCIF format) at
different bit rates ranging from 64kbps to 192kbps. The
MoMuSys MPEG-4 codec has been used, with some mod-
ifications in the decoder, in order to improve the robust-
ness to errors. Additional standard-compatible error re-
silience techniques have also been adopted. We used a
packet size of 400 bits. Each packet is divided into two
parts, first part containing Header and Motion data and
the second part containing Texture data. Since the for-
mer part is more important, we transmit all the bits of
it without any puncturing. On the other hand, the latter
part containing texture, which is relatively less signifi-
cant, has been transmitted after applying puncturing at
the rate 4/6. After that, the data is arranged into FMT
blocks of 64 symbols each containing some portion of
texture and some portion of header and motion. Finally,
the FMT modulated data is transmitted over the chan-
nel. At the receiver end, after the FMT demodulation,
we applied turbo equalization with incorporation of de-
puncturing of bits. Fig. (4) explains the overall structure
of the improvised turbo equalization technique at the re-
ceiver end [7]. We stick to the flat-fading assumption for
the transmission channel which can therefore be equal-
ized by one tap per subchannel. Since, overall channel
impulse response is designed to be real, therefore we will
have real tap coefficients.

A turbo equalizer consists of a SISO Equalizer and
a SISO decoder, operating in an iterative manner. The
MMSE-LE criteria is used as developed in [5, 6] for the
SISO equalization task and the Bahl Cocke Jelinek and
Raviv (BCJR) algorithm [11] has been used for the de-
coding block. The BCJR decoding algorithm is known to
yield the optimal symbol estimate with minimum symbol-
error rate. The essential part is the BCJR algorithm’s abil-
ity to yield soft information in the form of a posteriori
LLRs for both coded and information bits. The L-value
operator L(x), called log likelihood ratio (LLR), is ap-

plied to quantities x ∈ {−1,+1} and is given by

L(x) ≡ log
P (x = +1)
P (x = −1)

(2)

The SISO equalizer inputs a priori L1(xn) LLR, com-
putes estimates x̂n of transmitted symbol xn from re-
ceived symbols zn by minimizing the cost function E(|xn−
x̂n|2) and outputs a posteriori LLR minus the a priori
LLR called the extrinsic LLR LE(xn).

LE(xn) ≡ log
P (xn = +1|x̂n)
P (xn = −1|x̂n)

− log
P (xn = +1)
P (xn = −1)

(3)

= log
p(x̂n|xn = +1)
p(x̂n|xn = −1)

(4)

The a priori LLR, which is L1(xn) represents prior in-
formation on the occurrence probability of xn and is pro-
vided by the decoder. For the initial equalization step,
no a priori information is available and hence we have
L1(xn) = 0. LE(xn) is considered to be independent
of L1(xn). This and the concept of treating feedback
as a priori information are the two essential feature of
any system applying the turbo principle. The equalizer
output after de-interleaving and de-puncturing is consid-
ered to be a priori LLR L2(xj) for the decoder. The de-
coder also computes extrinsic LLRs LD(xj) which af-
ter interleaving and puncturing is given to the equalizer
as input. The SISO decoder is a MAP decoder, which
computes the a posteriori probabilities (APP’s) P (xj =
x|L2(x1), · · · , L2(xKc)), x ∈ B given Kc code bit LLRs
L2(xj), j = 1, 2, · · · ,Kc, and computes the difference
as

LD(xj) ≡ log
P (xj = +1|L2(x1), · · · , L2(xKc))
P (xj = −1|L2(x1), · · · , L2(xKc

))

− log
P (xj = +1)
P (xj = −1)

(5)

The SISO decoder also computes the data bit esti-
mates.

d̂j ≡ arg max
d∈{0,1}

P (dj = d|L2(x1), · · · , L2(xKc
)) (6)

In the first iteration, we de-puncture the received in-
formation by fixing the soft information LLR to be zero,
which is then passed to the decoder. The decoder as dis-
cussed decodes the input data according to BCJR algo-
rithm and sends the new soft information to the equal-
izer. But since the equalizer requires data after punctur-
ing, the soft information from decoder is punctured using
the same rate. The punctured information is stored and
inserted back as the input data to the decoder in next it-
eration while de-puncturing. The results obtained by in-
serting the saved soft information are much better in com-
parison to inserting zero as the LLR values in successive
iterations.



After the turbo equalization, the received header, mo-
tion and texture data is multiplexed to form the video
packets and decoded using MPEG-4 decoder. Finally, the
performance evaluation in terms of PSNR (peak signal-
to-noise ratio) for MPEG-4 video transmission for wire-
less data service is addressed, showing the large gain that
can be obtained, especially at high signal-to-noise ratios.

8. Simulation Results
MoMuSys MPEG4-SP video codec is used to generate
data streams at seven different bit rates of 64, 96, 128,
160, 192 and 256kbps. The data partition mode is used
with packets of size 400 bits each. 35 frames of video
have been transmitted to perform the simulations. The
GOP size for video bitstream has been set to 30, resulting
in two I frames in the entire video data. For unequal error
protection (UEP), the header and motion data are sep-
arated from the texture data and then transmitted with-
out any puncturing at rate 1/2 . However, the texture
data has been punctured and transmitted at rate 4/6. It
was observed that, any error introduced in an I frame
causes the PSNR to drop sharply. Therefore, entire I
frame was transmitted without any puncturing. The sim-
ulations have been carried out at three different channel
SNRs of 6, 8 and 10dB to evaluate the performance of
both the UEP and equal error protection (EEP) schemes.
Fig. (5), Fig. (6) and Fig. (7) show the PSNR plots against
video bit rate for both equal and unequal error protection
cases at 6dB, 8dB and 10dB channel SNR, respectively.
From the plots, we can deduce following conclusions:

Figure 5: PSNR comparison for UEP an EEP at 6db
channel SNR

1. The performance of the EEP is better than UEP at
low channel SNR (6dB), which is as expected. So
we should go for maximum protection at low SNR.

2. It can also be seen that at lower SNR, the perfor-
mance curves goes down for high bit rate. As the

Figure 6: PSNR comparison for UEP an EEP at 8db
channel SNR

Figure 7: PSNR comparison for UEP an EEP at 10db
channel SNR

number of bits per frame increases with bit rate,
at low channel SNR, there are more errors per I
frame. This results in significant degradation of
overall video quality due to propagation of errors
into subsequent P frames.

3. It is also observed that, UEP gives better or at least
comparable video quality as that of EEP at higher
channel SNR of 10dB, thus increasing the trans-
mission efficiency by 15%.

4. An isolated incidence of drop in PSNR is observed
for EEP case at 8dB channel SNR and 192 kbps bit
rate. This is due to large number of errors in first I
frame.

5. The UEP scheme can be extended to frequency do-
main by using the feedback from receiver about
channel condition and allocating bits to different
sub-channels according to their respective SNRs.



9. Conclusion
The system proposed is suitable to counter the effects
such as frequency and timing offsets due to high spectral
containment and effective equalization with reasonable
complexity. We have developed an application of FMT
for video data transmission. In addition, we have applied
unequal error protection according to relative importance
of the data bits. In the process, we have increased the
transmission efficiency of the system by 15%. A novel
technique for utilizing RCPC codes with turbo equaliza-
tion and FMT has been developed.

10. References
[1] Y. Wu and Y. Zou, “Orthogonal Frequency Division

Multiplexing: A Multicarrier Modulation Scheme”,
IEEE Transactions on Consumer Electronics, vol.
41, no. 2, pp. 392 - 399, Aug. 1995.

[2] Giovanni Cherubini, and Sedat Olcer, “Filtered mul-
titone modulation for very high speed digital sub-
scriber lines”, IEEE Journal on Selected Areas in
communication, vol. 20, no. 5, pp. 1016 - 1028, Jun.
2002.

[3] Inaki Berenguer, “Filtered Multitone (FMT) Mod-
ulation for Broadband Fixed Wireless Systems”, M
Phil thesis, University of Cambridge, Aug. 2002.

[4] C. Douillard et al., “Iterative correction of intersym-
bol interference: Turbo equalization”, Eur. Trans.
Telecommun., vol. 6, no. 4, pp. 507 - 511, Oct. 1995.

[5] Michael Tuchler , Ralf Koetter and Andrew C.
Singer, “Turbo equalization: principles and new re-
sults”, IEEE Transactions on Communications, vol.
50, no. 5, pp. 754 - 767, May 2002.

[6] Michael Tuchler, Andrew Singer and Ralf Koetter,
“Minimum Mean Squared Error equalization using
a priori information”, IEEE Transactions on Signal
Processing, vol. 50, no. 3, pp. 673 - 683, Mar. 2002.

[7] Satyam Srivastava, “Joint Modulation and Equaliza-
tion Approaches in Filtered Multitone System”, Mas-
ter’s thesis, Indian Institute of Technology, Bombay,
Mumbai, 2005.

[8] Joachim Hagenauer, “Rate-Compatible Punctured
Convolutional Codes (RCPC Codes) and their Ap-
plications”, IEEE Transactions on Communications,
vol. 36, no. 4, pp. 389 - 400, Apr. 1988.

[9] Guang-Hua Yang., Dongxu Shen. and Victor O.K. Li,
“UEP for Video Transmission in Space-Time Coded
OFDM Systems”, IEEE Transactions on Information
Theory, vol. 2, no. 2, pp. 1200 - 1210, Mar. 2004.

[10] ISO/IEC JTC 1/SC 29/WG 11, “Information tech-
nology Coding of audio-visual objects, Part 1: Sys-
tems, Part 2: Visual, Part 3: Audio”, FCD 14496,
Dec. 1998.

[11] L. R. Bahl et al., “Optimal decoding of linear codes
for minimizing symbol error rate”, IEEE Transaction
on Information Theory, vol. 20, no. 2, pp. 284 - 287,
Mar. 1974.




