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Abstract—The video performance of a 155-Mbps wireless
asynchronous transfer mode (WATM) proposal and that of a
2-Mbps Universal Mobile Telecommunications System (UMTS)
concept is evaluated for a range of low- to high-quality video
application scenarios, various propagation conditions, and video
bit rates using the H.263 video codec, assisted by a novel
packetization and packet acknowledgment scheme. Orthogonal
frequency-division multiplexing is invoked over the highly
dispersive channels for conveying high-rate video signals.
Various binary Bose–Chaudhuri–Hochquenghem and turbo
codes are investigated comparatively, with the conclusion that
due to the high error resilience of the video packetization and
acknowledgment scheme, the increased power of the higher
complexity turbo codec does not translate to substantially
improved overall system robustness, although the bit error rate
and acknowledgment flag error rate are significantly reduced.
The whole range of video resolutions and system parameters
is summarized for reasons of space economy in Tables II–IV.
The required channel signal-to-noise ratio for near-unimpaired
video quality is about 16 dB for the inherently lower quality,
lower resolution video frame formats, but slightly higher, about
18 dB, for the high-definition formats, where the error-induced
subjective video degradations become more objectionabl over
the highly dispersive worst case channels used.

Index Terms—H.263-based wireless video communications, or-
thogonal frequency-division multiplexing (OFDM)-based video.

I. BACKGROUND1

W HILE the penetration of second-generation voice- and
data-oriented wireless systems is increasing at an un-

precedented rate, the wireless communications community is
studying a range of third-generation standard proposals, which
are summarized, for example, by Ojanpera in [1]. In Europe,
these initiatives are managed under the auspices of the so-
called Universal Mobile Telecommunications System (UMTS)
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[2] initiative, and at the time of writing, a number of standard
proposals have been submitted to the European Telecom-
munications Standardization Institute [1]. Specifically, wide-
band code-division multiple access (CDMA) is advocated by
Nokia from Finland and the Pan-European Frames UMTS
consortium, which was documented, for example, by Pehkonen
et al. [3]. Adaptive time-division multiple access (TDMA)
[4] is a system framework, which was originally proposed
in the European Research in Communications Equipment
(RACE) program [2], [5], the predecessor of the current Ad-
vanced Communications Technologies and Services (ACTS)
program [6], [7]. The remaining proposals are based on
hybrid TDMA/CDMA, advocated by Baieret al. from Kaiser-
lautern University [8]; orthogonal frequency-division multi-
plex (OFDM) suggested by Telia in Sweden [9], [10], which is
studied in this paper; and opportunity-driven multiple access
(ODMA). Most proposals were formulated with multimedia
capabilities, including interactive video communications, in
mind, as evidenced for example by the Nokia testbed [11] or
by the Japanese wide-band CDMA proposal by Adachi [12]
for the intelligent mobile terminal IMT 2000 emerging from
NTT DoCoMo. Most of these proposals were targeted at high-
dispersion cellular environments, where high excess delay path
lengths prevail, which limit the maximum bit rate supported
to around 2 Mbps. Hence in one of our candidate systems
here, we will study the video performance of an OFDM-
based UMTS-oriented frames-like scheme at a rate around 2
Mbps using the system parameters of Table IV, which will be
detailed during our forthcoming elaborations.

In the field of wide-band communications, the developments
have been equally rapid [13]–[18], leading to a variety of
wireless local-area network (WLAN) proposals [16]–[18].
Similarly to the above-mentioned OFDM-based UMTS-type
systems [19], OFDM had been found advantageous for com-
bating dispersion in WATM networks [20]. Hence in our
second candidate system, we will evaluate the ability of OFDM
to support high-rate, high-quality WATM video communica-
tions at bit rates around 20 Mbps under various conditions,
which are summarized in Tables II and IV that will be dis-
cussed.

1051–8215/99$10.00 1999 IEEE
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TABLE I
VIDEO SEQUENCESUSED FOR H.263 SIMULATIONS

OFDM was originally proposed by Chang in 1966 [21],
where instead of estimating the wide-band dispersive channel’s
impulse response, as in conventional equalized serial modems
[10], the channel is rendered nondispersive by splitting the
information to be transmitted in a high number of parallel, low-
rate, nondispersive channels [10]. In this case, there is no need
to estimate the channel’s impulse response, since for the low-
rate subchannels, it can be considered nondispersive. Over the
past three decades this technique has been regularly revisited
by a number of researchers [21]–[26]. Despite its conceptual
elegance, until recently, its employment has been mostly
limited to military applications due to implementational diffi-
culties. However, it has recently been adopted as the new Euro-
pean digital audio broadcasting (DAB) standard, and it is also
a strong candidate for digital terrestrial television broadcast
(DTTB) and for a range of other high-rate applications, such
as 155-Mbps wireless asynchronous transfer mode (WATM)
LAN’s. These wide-ranging applications underline its signif-
icance as an alternative technique to conventional channel
equalization in order to combat signal dispersion [21]–[26].

The associated video-compression issues have been the
topic of the monographs by Netravali and Haskell [27], Jain
[28], Jayant and Noll [29], etc. Khansariet al. [31], as
well as Pelz [32], contrived appropriate transmission schemes
for the H.261 codec, while Faerberet al. [33] proposed
transmission schemes for the H.263 codec [34]. Gharavi and
Partovi [35] proposed an attractive video communications
scheme for broad-band networks. Further serial-modem-based
video transceivers were proposed in [36] and [37]. The most
important recent development in the field of video compression
is hallmarked by the MPEG-4 standardization activities [43].

The outline of this paper is as follows. In Section II, the
ability of the H.263 codec to support a wide range of video
services is analyzed. Section III provides a system overview,
while Section IV characterizes the propagation environment of
both our UMTS-like and WATM-oriented systems. Section V
is concerned with the system’s video aspects, and the overall
system performance is evaluated in Section VI.

II. PERFORMANCE OF THEH.263 CODEC

In this section, we briefly analyze the image quality versus
bit rate performance of the H.263 codec for various image
resolutions, frame rates, and video sequences. The video
sequences used are summarized in Table I. We note, however,

that for cellular and cordless systems, only SQCIF and QCIF
resolutions are realistic in terms of their minimum required bit
rates, while for higher rate LAN’s, CIF, 4-CIF, and 16-CIF
resolutions cater to substantially increased video quality. The
corresponding peak signal-to-noise ratio (PSNR) results are
portrayed in Fig. 1 as a function of bit rate and compression
ratio, respectively, when using theMiss Americasequence.
The quadrupled number of pixels present in the CIF format
resulted in an approximately four-fold increase of the bit rate.
Observe, furthermore, that the 30 frames per second (fps)
scenarios required typically a factor of two higher bit rates
in order to maintain a certain fixed PSNR.

A range of further similar curves were generated using
video sequences of various resolution, of which we present
here various high-resolution, 4-CIF, and 16-CIF results. As
before, our experiments were carried out at 10 and 30 fps.
The 4-CIFSuzievideo sequence, the 4-CIFAmerican Football
sequence, and the high-definition 16-CIFMall video sequence
were used in these experiments. The associated performance
curves are shown in Fig. 2. Since the amount of image fine
detail is quite different in theSuzie, American Football,and
Mall sequences, the corresponding performance curves are not
strictly comparable, but they give an estimate of the expected
bit rates in relative terms. As can be seen for the graphs in
Fig. 2, the 4-CIFAmerican Footballhas similar performance
to the 16-CIFMall sequence, primarily due to the large amount
of motion in the American Footballsequence. For a more
detailed exposure to the H.263 codec, the interested reader is
referred to [44]. Let us now consider our transmission schemes
in the next section.

III. SYSTEM OVERVIEW

Both proposed wireless systems’ schematics follow the
structure of Fig. 3, and both support interactive videophone
calls. The video signal is compressed using the H.263 video-
compression standard [34], as discussed in Section II. The
H.263 standard achieves a very high compression ratio; how-
ever, the resulting bitstream is extremely sensitive to channel
errors. This sensitivity to channel errors is not a serious prob-
lem over benign wireline-based channels, such as conventional
ATM links, but it is an impediment when used over wireless
networks. There have been several solutions suggested in the
literature for overcoming this using automatic repeat request
(ARQ) [30], dual-level coding [31], and a feedback channel
[33]. A range of further robust video schemes was proposed
in [36]–[40].

As seen in Fig. 3, our system uses a feedback channel to
inform the encoder of the loss of previous packets. However,
we do not retransmit the corrupted packets, since this would
reduce the system’s teletraffic capacity by occupying addi-
tional transmission slots while increasing the video delay. We
found that simply dropping the corrupted packets at both the
local and the remote decoder results in an extremely high error
resilience, in particular in high-frame-rate systems, where 30-
fps high-rate transmissions are facilitated. The rationale behind
this is that nonupdated video frame segments can only persist
at 30 fps for 33 ms. This allows for the reconstruction frame
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Fig. 1. Image quality (PSNR) versus coded bit rate for H.263Miss Americasimulations at 10 and 30 frames/s.

Fig. 2. Image quality (PSNR) versus coded bit rate for H.263 high-resolution
(4 CIF and 16 CIF) simulations at 10 and 30 fps.

buffer contents of the local and remote decoders to remain
identical, which is essential for preventing error propagation
through the reconstructed frame buffer. Then, when the in-
stantaneous channel quality improves, the corrupted picture
segments of the reconstructed frame buffers are replenished
with more up-to-date video information. The feedback channel
is implemented by superimposing the packet dropping request
on the reverse link, as shown in Fig. 4. This figure shows how
the feedback acknowledgment is implemented in the context
of the proposed TDMA, time-division duplex (TDD) system
using 32 time slots, where one video packet was transmitted
in each TDD frame. A number of further interesting details

Fig. 3. Transceiver schematic.

concerning the system’s operation become explicit by studying
the figure in more depth, which we have to refrain from here
due to lack of space.

As demonstrated by Fig. 3, the H.263 encoded bitstream
in passed to the packet assembly block, which was detailed in
[37]. The packetizer’s function is to assemble the video packets
for transmission, taking into account the packet acknowledg-
ment feedback information. The packet disassembly block of
the figure ensures that always an error-free H.263 bitstream
is output to the video decoder, discarding any erroneously
received packet and using only error-free packets to update
the reconstructed frame buffer. Since the transmission packets
contain typically fractions of video macroblocks at the begin-
ning and end of the packets, a corrupted packet implies that the
previously received partial macroblocks have to be discarded.
The loss of the packet is then signalled via the feedback
channel to the video encoder and packet assembly blocks.
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Fig. 4. Transmission feedback timing diagram showing the feedback signalling superimposed on the reverse channel video datastream. The tasks that need
to be performed in each time interval are shown for both the mobile station and the base station.

The lost macroblocks are not retransmitted, but strongly
error-protected acknowledgment flags are inserted into the
video bitstream to signify the macroblocks that have not been
updated. This requires one bit per lost macroblock in the
next reverse-direction packet of the given user. The decoded
video stream is error free, although certain parts of some
video frames may be “frozen” for a frame’s duration due
to lost packets. These areas will be usually updated in the
next video frame, and the effect of the lost packet will be no
longer visible. Again, this packet loss has a prolonged effect
for 100 ms at 10 fps, which is more objectionable than the
losses at 30 fps. These operations were also indicated earlier
in the context of Fig. 4, while aspects of the acknowledgement
flag protection and the associated probability of correct flag
reception are quantified in Figs. 5 and 14, which will be
discussed at a later stage.

The packetized video stream is then forward error correction
(FEC) coded, mapped to the allocated TDMA time slot, and
transmitted using differential quarternary phase shift keying
(D-QPSK) between adjacent subcarriers of the OFDM scheme
employed [10]. Again, it is important to strongly protect
the binary acknowledgment flag from transmission errors,
which prevents the remote decoder from updating the local
reconstruction buffer, if the received packet was corrupted.
Following a range of considerations, we opted for using a
repetition code, which was superimposed on the forthcoming
reverse-direction packet in the proposed TDD scheme of
Table II. The repetition-coded flag is then majority logic

decision (MLD) decoded at the receiver. The probability of
correct decoding of the 5-, 9-, 18-, and 27-bit majority logic
codes was numerically evaluated for the range of bit error rates
(BER’s) 0–50% using a random error distribution in Fig. 5. On
the basis of the results, we opted for using the strongest MLD
code of MLD(27,1,13), repeating the flag 27 times, which was
hence able to correct up to 13 transmission errors or a channel
BER of about 50%.

In the next section, we briefly consider the specific sys-
tem parameters used, which closely resemble those proposed
by the Pan-European Wireless Asynchronous Transfer Mode
consortium, referred to as MEDIAN.

A. The WATM System

The system employed in our experiments resembles the
ACTS MEDIAN WATM proposal, operating in the 60-GHz
band utilizing OFDM as a modulation technique [10]. The
MEDIAN-like WATM system parameters are listed in Table II.
Channel access in the MEDIAN WATM system is based on
TDMA/TDD frames having a duration of 170.7s. This frame
is split into 64 time slots of 2.667-s duration. Two of these
time slots are reserved for networking functions, leaving 62
for useful information transfer.

To avoid implementationally complex equalization at the
FEC-coded sampling rate, OFDM is employed as a base-
band modulation technique [10]. D-QPSK between adjacent
subcarriers is used as a frequency-domain modulation scheme.
If all 512 subcarriers are used and one subcarrier is used as
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Fig. 5. Numerical evaluation of the probability of correct decoding(PCD) of majority logic codes.

TABLE II
SUMMARY OF THE MEDIAN-L IKE WATM SYSTEM PARAMETERS

Fig. 6. Schematic plot of the ACTS MEDIAN WATM frame structure. A
time frame contains 64 time slots of 2.667-�s duration. Each time slot holds
the data samples of a 512-point inverse fast Fourier transform (IFFT) OFDM
symbol, 64 samples of the cyclic extension, and a cyclic postamble of 24
samples.

phase reference, then 1022 bits can be transmitted using a
single OFDM symbol. Fig. 6 portrays the MEDIAN WATM
frame and slot structure. Each time slot contains one OFDM
symbol, preceded by a cyclic extension of 64 samples in
order to combat interference in wide-band channels [10]. A
cyclic postamble is appended to the OFDM data samples in
order to simplify symbol timing synchronization [20]. For our
simulations, all 512 subcarriers per OFDM symbol were used,
resulting in the maximum throughput of 1022 bits per OFDM
symbol.

Fig. 7. Stylized TDMA frame structure for the WATM system transmitting
4-CIF-resolution video, where each video transmission packet is formed using
five time slots per active TDMA frame and each time slot contains four
Bose–Chaudhuri–Hochquenghem (BCH) code words.

Variable-bit-rate users can be accommodated by allocating
groups of time slots per frame, as seen in Table III, in
case of high-rate users or by skipping time frames in case
of low-rate users. The shaded area of Fig. 7 defines the
“payload” of a TDMA frame in the 4-CIF scenario of the
table, and hence this payload must be received free of error.
If it is corrupted, this event is defined as a TDMA frame
error, and the relative frequency of these events defines
the frame error rate (FER) used in the system. As seen in
Fig. 7 and Table III, in this case we need five time slots
for supporting the associated 10.2-Mbps video rate, but other
video resolutions require a different number of time slots.
Their FER is defined on the basis of the success or failure of
all the slots of a specific video user in a TDMA frame, since
in this regime we cannot selectively retransmit the payload
of each time slot due to having only one acknowledgment
flag per TDMA frame per user. This results in larger video
frame sections’ remaining nonupdated due to the increased
payload per TDMA frame at high video rates. Again, the
required number of slots per TDMA frame for each video
mode was summarized for the various modes in Table III,
while the companion paper [45] proposed an efficient statistical
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TABLE III
SUMMARY OF VIDEO PARAMETERS FOR THE WATM SYSTEM

Fig. 8. PSNR degradation versus video packet loss rate or transmission frame error rate for the scenarios described in Tables III and IV.

multiplexing scheme for variable-rate scenarios, where the
number of slots can be varied on a slot-by-slot basis. The
associated PSNR degradation of the various user scenarios of
Table III was quantified in Fig. 8, where the more dramatic
PSNR degradation of the larger video frame sizes becomes
explicit for any given transmission frame error rate.

B. The UMTS-Type Framework

The alternative transmission scheme used in our investi-
gations was partially inspired by the ACTS FRAMES [3],
[11] Mode 1 proposal, which entails a time-frame structure of
4.165 ms, split into eight time slots of 577-s duration each.
However, instead of using the originally proposed DS-CDMA
scheme with a chip rate of 2.17 Mchips/s, we have employed

1024 subcarrier OFDM, as shown in Fig. 9. Hence we refer
to this system as a FRAMES-like scheme. The modified time
slot contains a 1024-sample OFDM symbol, which is preceded
by a cyclic extension of 168-samples length and followed by
a guard interval of 60 samples. To maintain the FRAMES
UMTS bandwidth of 1.6 MHz, the 1024 subcarrier OFDM
symbol contains 410 virtual subcarriers, therefore reducing the
bandwidth to 1.3 MHz and allowing for a modulation excess
bandwidth. Let us now consider the corresponding channel
models.

IV. THE CHANNEL MODEL

The channel model employed for the WATM system ex-
periments was a five-path, Rayleigh-fading indoors channel.



CHERRIMAN et al.: OFDM TRANSMISSION OF H.263 VIDEO 707

Fig. 9. Schematic plot of the ACTS FRAMES Mode-1-like frame structure
as used in this paper. A time slot of 4.165-ms duration is split into eight time
slots of 577�s. Each time slot holds a 1024-point IFFT OFDM symbol with
a cyclic extension of 168 samples.

Fig. 10. WATM five-path impulse response.

The impulse response shown in Fig. 10 was obtained by ray
tracing for a 100 100 m hall or warehouse environment, and
every path in the impulse response was faded independently
according to a Rayleigh fading narrow-band channel with
a normalized Doppler frequency of ,
corresponding to the 60-GHz propagation frequency and a
worst case indoor speed of 30 mph.

A transmission rate of 155 Mbps was used, which is applica-
ble to WATM systems. A seven-path channel, corresponding to
the four walls, ceiling, and floor plus the line-of-sight (LOS)
path, was employed. The LOS path and the two reflections
from the floor and ceiling were combined into a single path
in the impulse response. The worst case impulse response
associated with the highest path length and delay spread was
experienced in the farthest corners of the hall, which was
determined using inverse second-power law attenuation and
the speed of light for the computation of the path delays. The
corresponding frequency response was plotted in Fig. 11 for
a 128-channel system as a function of both the time-domain
OFDM symbol index and the frequency-domain subchannel
index. Observe the very hostile frequency-selective fading
in the figure, which is efficiently combated by the OFDM
modem, since for each of the 512 narrow subchannels the
channel can be considered more or less flat fading. The
residual frequency-domain subchannel transfer function “tilt”
or distortion can be equalized using a simple frequency-
domain pilot-assisted equalizer.

The channel model used for the UMTS-type system experi-
ments was based on a COST 207 [46] Bad Urban conformant

Fig. 11. Frequency response of the 512-subcarrier WATM OFDM system at
155 Mbps.

Fig. 12. COST 207 Bad Urban compliant impulse response, used for the
UMTS [46].

seven-path impulse response shown in Fig. 12. Again, each of
the impulses was faded independently according to a Rayleigh
narrow-band fading channel with a normalized Doppler fre-
quency of Hz MHz , where the
carrier frequency and vehicular velocity were set to 2 GHz
and 30 mph, respectively.

V. VIDEO-RELATED SYSTEM ASPECTS

A. Video Parameters of the WATM System

Our high-rate WATM system constitutes an ideal medium
for high-resolution video transmission. To assess the system’s
ability to support various application scenarios, we investi-
gated four video systems of different resolution, ranging from
QCIF to 16-CIF frame formats, as seen in Table III. The video
packetizer operated most efficiently when the transmission
packet-generation rate was neither too high nor too low.
If the packet-generation rate per TDMA frame is too high,
each packet may contain less than a whole macroblock,
leading to an increased buffering in the depacketizer [37].
If the packet-generation rate is too low, then each packet
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TABLE IV
SUMMARY OF UMTS-LIKE PARAMETERS

contains a high number of macroblocks, and therefore when
a transmission packet is corrupted, a large proportion of the
video frame is lost. Therefore, the packet-generation rate for
each video resolution was adjusted experimentally, taking into
account that as the video resolution was increased four-fold,
corresponding to increasing the video resolution, for example,
from QCIF to CIF, the number of macroblocks per TDMA
frame or per time unit was increased by the same factor,
resulting in a corresponding increase in terms of the packet-
generation rate. These aspects were discussed in the context
of defining the FER at the end of Section III-A.

Again, the packet-generation rate for each of the four video
resolutions used is shown in Table III in terms of the number
of TDMA frames between video packets or, synonymously,
the TDMA packet separation, as well as in terms of packets
per second, which are matched to the bit-rate requirement
of each mode. For example, for QCIF-resolution video, the
packet-generation rate is 195 per second, which corresponds
to one packet every 30 TDMA frames. After setting the packet-
generation rates for each video mode, the video target bit
rates were set to give high quality for the majority of video
sequences. As mentioned previously, the OFDM system can
transmit 1022 bits in every time slot. Hence for the QCIF
mode, with one time slot every 30 TDMA frames, the channel
bit rate would be Kbit/s. Upon using half-
rate channel coding, the video bit rate is constrained to 100
Kbit/s. Since we required around 500 Kbit/s for high-quality
QCIF video for a wide range of video sequences, we decided to
use five time slots once every 30 TDMA frames. Therefore, the
channel bit rate became Mbit/s, providing
a bit rate of 500 Kbit/s for video source coding.2

For the WATM investigations, we decided to use embedded
binary BCH block coding [41], since it is capable of both error
correction and error detection. For all the modes, we used the

2The interested reader is referred to http://www-mobile.ecs.soton.ac.
uk/peter/robust-h263/robust.html for some examples of coded sequences,
which can be viewed using an MPEG player.

near half-rate code of BCH(255,131,18). The corresponding
pre-FEC bit rates for the various modes are shown in Table III.
In conjunction with this channel coding scheme, the pre-FEC
bit rate for the QCIF mode is 511 Kbit/s.

The videophone system requires some additional overhead
for its operation, since the feedback information for the reverse
link is concatenated with the information packet, requiring
a maximum of 29 additional bits per packet. In addition,
the H.263 packetization adds a header to each packet [37],
which is dependent on the number of bits in each packet; for
our system, this header was between 12–14 bits per packet.
Therefore, the number of useful video source bits in each
packet used for video transmission was about 40 bits less
than the actual number of bits per packet. The corresponding
useful video source bit rate for each of the modes is shown
in Table III, which was 503 Kbit/s for QCIF-resolution video,
when taking into account the above-mentioned transmission
overheads.

B. Video Parameters of the UMTS Scheme

Our UMTS-type scheme was also designed for a range of
bit rates and services. We opted for using the so-called high-
bit-rate slot type, of which there can be a maximum of eight
in each TDMA frame. The OFDM system designed for this
scenario gave 1224 bits per time slot, which yields a channel
bit rate of 265 Kbit/s or approximately 130 Kbit/s before
half-rate FEC coding. This bit rate is suitable for high-quality
QCIF video or lower quality CIF video. Hence we limited our
investigations to QCIF resolution. Additionally, we invoked
two different types of channel coding, BCH block codes [41]
and turbo coding [42], which were also specified in Table IV.
Since our system also required an error-detection facility,
the use of block codes is convenient due to their inherent
error correction and detection capabilities. The parameters for
the UMTS-type scheme are summarized in Table IV. Since
turbo coding cannot provide error detection, to this effect
a 16-bit cyclic redundancy checking (CRC) code was used.
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Fig. 13. Uncoded channel BER and channel-decoded BER of the WATM and UMTS systems over the wide-band channels characterized by the impulse
responses shown in Figs. 10 and 11, respectively.

Given the 1224-bits/slotpayload per TDMA frame, before
channel coding the number of bits per TDMA frame was
constrained to 618 for BCH coding and 594 for turbo coding.
Half-rate turbo coding was used; however, two termination
bits per slot were required for the convolutional encoders.
Therefore, the number of pre-FEC bits per transmission packet
was 12242 2(termination) CRC . This led to a
pre-FEC bit rate of 134 Kbit/s for BCH coding and 129 Kbit/s
for turbo coding. The additional system overhead required 27
bits per packet for the reverse link’s acknowledgment flag
and 11 bits for the H.263 packetization header [37]. This led
to a video bit rate of 126 Kbit/s for BCH coding and 120
Kbit/s for turbo coding. Having highlighted the salient video-
specific system features, let us consider the achievable system
performance in the next section.

VI. SYSTEM PERFORMANCE

Fig. 13 portrays the BER performance of both candidate
systems over the wide-band channels characterized by the
impulse responses shown in Figs. 10 and 11, respectively. It is
interesting to observe that since the number of subcarriers was
sufficiently high in both systems for narrow-band subchannel
conditions to prevail, the modem BER curves are fairly similar,
irrespective of the different Doppler frequencies. Nevertheless,
the slightly lower uncoded BER of the UMTS-type scheme
manifested itself in a further improved FEC-decoded BER.
Last, as expected, the similar-rate turbo codec outperformed
the BCH codec in terms of BER.

Fig. 14 portrays the FER and the feedback error rate (FBER)
performance of both systems. Despite the BER differences
of the systems, their FER performances are fairly similar.

This indicates that the UMTS-like scheme’s lower average
BER actually results in a similar FER, despite its lower in-
burst BER, when a BCH code word was overwhelmed by an
excessive number of channel errors. However, the lowest in-
burst BER of the turbo codec translated into a substantially
reduced acknowledgment flag feedback error rate after MLD
decoding.

Fig. 15 shows the video quality in terms of the average
PSNR versus the channel SNR for QCIF-resolution video
transmitted over the WATM scheme. The figure shows the
video quality of a range of video sequences from the highly
motion activeForemanandCarphonesequences to the lower
activity Miss Americasequence, which is more amenable to
compression. For all the video sequences the PSNR starts to
drop when the channel SNR falls below about 20 dB. Due
to lack of space, the FER versus the channel SNR (CSNR)
performance of the system is not explicitly characterized in
this paper, but our records show that the frame error rate
around this CSNR value is about 3%. The corresponding visual
quality appears unimpaired, and the effects of dropping do not
become evident for CSNR’s in excess of 16 dB. At 16 dB, the
frame error rate is 17%. However, the effects of this packet
loss are only becoming “just noticeable” at a CSNR of 16
dB. The effect of the packet loss is that parts of the picture
are “frozen,” but usually for only one video-frame duration
of about 30 ms at 30 fps, which is not sufficiently long for
these artifacts to become objectionable. However, if the part of
the picture that was lost contains a moving object, the effect
of the loss of the packet becomes more obvious. Therefore,
for more motion-active sequences, the effect of packet loss is
more pronounced.
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Fig. 14. FER and FBER after channel decoding versus channel SNR for the WATM system using BCH codes and for the UMTS-type scheme using
BCH codes or turbo coding plus CRC over the wide-band channels characterized by the impulse responses shown in Figs. 10 and 11, respectively. The
WATM results are typical and are shown for the CIF mode of operation.

Fig. 15. QCIF video quality in PSNR versus CSNR at 500 Kbit/s and 30
fps over the WATM system, for various video sequences, using the impulse
response of Fig. 10.

To portray the expected system performance in other ap-
plication scenarios, where higher video quality is expected,
in Fig. 16 we portrayed the average PSNR versus CSNR
performance for a range of video resolutions from CIF to
16-CIF HDTV quality. At CIF resolution, theMiss America
sequence was encoded at both 500 kbps and 1 Mbps. For 4-
CIF resolution, theSuziesequence was encoded at 2 and 10
Mbps, while for 16-CIF resolution, theMall video clip was
transmitted at 3 and 21 Mbps. This figure shows results for
using multiple time slots per active TDMA frame, as suggested

Fig. 16. Video quality in PSNR versus CSNR for CIF, 4-CIF, and 16-CIF
resolution video at 30 fps over the WATM system for various video sequences
using the channel impulse response shown in Fig. 10.

by Table III, down to just a single time slot per active TDMA
frame. Notice that the high- and low-bit-rate modes for each
resolution seem to converge to a similar PSNR CSNR is low,
which is a consequence of the higher PSNR degradations
inflicted by a given FER in high-resolution modes due to their
larger packet size, as seen in Table III and Fig. 8.

The 16-CIF scenarios seem to be more vulnerable to packet
loss; however, this is because the packet-generation rate is not
four times that of the 4-CIF simulations, and therefore each
16-CIF video packet contains approximately 2.5 times more
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Fig. 17. Video quality in PSNR versus CSNR for the QCIFMiss America
video sequence at 30 fps, using both the WATM system and the UMTS-type
system with turbo coding and CRC or BCH coding, using the impulse
responses shown in Figs. 10 and 11, respectively.

Fig. 18. Video quality in PSNR versus CSNR for a variety of
QCIF-resolution video sequences at 30 fps over the UMTS-type system with
turbo coding and CRC or BCH coding using the COST 207 Bad Urban
impulse response of Fig. 12.

macroblocks per packet than the CIF and 4-CIF resolution
video packets. Hence the effect of packet loss is more no-
ticeable, and this is manifested in the faster reduction of the
PSNR as the CSNR degrades.

Focusing our attention on the UMTS-like scheme, since
the FER of the turbo coded scheme in Fig. 14 was not
substantially lower than that of the BCH coded arrangement,
the corresponding video PSNR performances are also quite
similar, as evidenced by Figs. 17 and 18. This is a consequence
of the system’s high error resilience. Hence in practical
systems, its added complexity may not be justified. A similar-
rate WATM performance curve is also shown in Fig. 17.

VII. CONCLUSION

In this paper, the expected video performance of a WATM
and that of a UMTS-type system was quantified in a variety of

applications scenarios, using a range of video resolutions and
bit rates. The high-efficiency H.263 video codec was employed
to compress the video signal. The video formats used were
summarized in Table III along with their associated target
bit-rate figures. The proposed system ensures robust video
communications using the WATM and the UMTS-type frame-
work in a highly dispersive Rayleigh-fading environment, even
at a vehicular speed of 30 mph, requiring channel SNR’s
in excess of only about 16 dB for near-unimpaired video
transmission. Despite the different propagation conditions, the
BER and FER modem performance of both systems was quite
similar. Furthermore, due to the high error resilience of the
video system, the increased complexity of the turbo codec
was not justified in video performance terms, although the
acknowledgment flag FBER was significantly reduced.
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