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ABSTRACT

The ability of a Universal Mobile Telecommunica-
tions System (UMTS) framework [1] to support in-
teractive video communications is evaluated em-
ploying the inherently error sensitive, but high-com-
pression H.263 video codec. A Constant Bit Rate
{CBR) is maintained and error-resilience is achieved
by invoking a packet acknowledgement scheme, in-
structing both the local and remote reconstruciion
buffer to leave picture areas un-updated, if the packet
was corrupted. Orthogonal Frequency Division #ful-
tiplexing (OFDM) [3] is employed to deliver the
video signal over the dispersive worst-case Bad Ur-
ban COST 207 channrel [14), assisted by binary Bose-
Chaundburi-Hochquenghem (BCH) {11} and turbo
codes [12]. These channel codes are investigated
comparatively, with the conclusion that due to the
high error-resilience of the video packetisation and
acknowledgement regime the increased power of the
higher complexity turbo codec does not translate to
substantially improved overall system robustness,
although the bit error rate and acknowledgement
flag error-rate is significantly reduced. The sys-
tem is alsc compared to a 135 Mbps wireless ATM
scheme [9]. The video transceiver parameters are
summarised in Table 1.

1. BACKGROUND

‘While the penetration of second generation voice- and data-
oriented wireless systems is increasing at an uaprecedented
1ate, the wireless communications community is studying
a range of third-generation standard proposals, which are
summarised for example by Ojanperain [1]. One of the four
Universal Mobile Telecommunications System (UMTS) pro-
posals in Europe is based on Orthogonal Frequency Division
Multiplexing (OFDM) suggested by Telia in Sweden (2, 3],
which is studied in this treatise in the context of the framing
structure suggested by the Pan-European FRAMES con-
sortinm [4] at a transmission rate around 2 Mbps using the
system parameters of Table 1, which will be detailed dur-
ing our forthcoming elaborations. The basic philosophy of
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OFDM is that the dispersion-sensitive high-rate data signal
is split in a high number of parallel, low-rate, non-dispersive
sub-channels [3]. In contrast {0 conventional equalised serial
modems (3], i OFDM modems channel equalisations does
not necessarily have to take place, since typically all low-
rate subchannels can be considered non-dispersive. If this
does pot hold, the number of subchannels can be increased
in order to achieve non-dispersive transmission. The com-
plexity of serial and OFDM modems was compared for ex-
ample by Borowski et al [5]. Focusing on video coding,
Ngan et al [6], Girod, Steinbach and Faerber {7] and others
contrived a variety of transmission schemes for the H.263
codec [8, 9]. Various proprietary codecs were proposed in
Reference [10], with the aim of comparatively studying the
benefits of increased-compression, but error-sensitive fixed-
rate codecs versus more error-resilient, but lower-compression
codecs and transmission schemes.

2. SYSTEM ARCHITECTURE

In our proposed wireless videophone system the video sig-
nal is compressed using the H.263 video compression stan-
dard [7], which achieves a high compression ratio, however
the resulting bitstream is extremely sensitive to channel er-
rors. This sensitivity to channel errors is not a serious prob-
lem over benign wireline-based channels, such as conven-
tional ATM links, but it is an impediment, when used over
wireless networks. There have been several solutions sug-
gested in the literature for overcoming this problem {6, 8.
Our system uses a feedback channe] to inform the en-
coder of the loss of previous packets. However, we do not re-
transmit the corrupted packets, since this would reduce the
system’s teletraffic capacity by occupying additional trans-
mission slots, while increasing the video delay. We found
that simply dropping the corrupted packets at both the lo-
cal and remote decoder results in an extremely high error
resilience, in particular in high frame-rate systems, where
30 frames/s high-rate transmissions are facilitated (8, 9]
The rationale behind this is that un-updated video frame
segments can only persist for 33 ms at 30 fps. This al-
Jows for the reconstruction frame 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 instantaneous channel qual-
ity improves, the corrupted picture segments of the recon-
structed frame buffers are replenished with more up-to-date
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video information. The feedback channel is implemented by
superimposing the packet dropping request on the reverse
link [8, 9] of the proposed Time Division Multiple Access
(TDMA), Time Division Duplex (TDD) system.

The video packetiser employed assembles the video pack-
ets for transmission, taking into account the packet ac-
knowledgement feedback information. The corresponding
packet disassembler algorithm at the receiver ensures that
always an error-free H.263 bitstream is output to the video
decoder, discarding any erronously received packet and us-
ing only error-free packets to update the reconstructed frame
buffer. Since the transmission packets contain typically
fractions of video macroblocks at the beginning and end of
the packets, a corrupted packet implies that the previousty
received partial macroblocks have to be discarded. The loss
of the packet is then signalled via the feedback channel to
the transmitter’s video encoder and packet assembly blocks.

The lost macroblocks are not re-transmitted, but strongly
error protected acknowledgement 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 duration
due to loss 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 preceivable than
the losses at 30 £fps. The aspects of the acknowledegement
flag protection and the associated probability of correct flag
reception are quantified in Figures 1 and 7, which will be
discussed at a later stage.

The packetised video stream is then Forward Error Cor-
rection (FEC) coded, mapped to the allocated TDMA time-
slot and transmitted using Differential Quarternary Phase
Shift Keying (D-QPSK) between adjacent sub-carriers of
the Orthogonal Frequency Division Multiplex (OFDM) sche-
me employed [3]. Again, it is important to strongly protect
the binary acknowledgement flag from tramsmission 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 forthcom-
ing reverse-direction packet in the proposed Time Division
Duplex (TDD) scheme. 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 0% to 50% using a random error dis-
tribution in Figure 1. On the basis of the results we opted
for using the strongest MLD code of MLD(27,1,13), repeat-
‘ing the flag 27 times, which was hence able to correct up to
13 transmission errors or a channel BER of about 50 %.

The transmission scheme used in our investigations was
partially inspired by the ACTS FRAMES [4] Mode 1 pro-
posal, which entails a time frame structure of 4.165ms, split
in eight timeslots of 577ps duration each. However, instead
of using the originally proposed DS~CDMA scheme with a
chip-rate of 2.17TMchips/s, we have employed 1024 subcar-
rier OFDM, as it is shown in Figure 2. Hence we refer to
this system as a Frames-like scheme. The modified timeslot
contains a 1024-sample OFDM symbol, whick is preceded
by a cyclic extension of 168 samples length and followed
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Figure 1: Numerical Evaluation of the probability of correct
decoding (Pcp) of Majority Logic Codes
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Figure 2: Schematic plot of the ACTS FRAMES Mode 1-
like frame structure as used in this paper. A timeslot of
4.165ms duratior is split into eight timeslots of 577us. Each
timeslot holds a 1024 point IFFT OFDM symbol with a
cyclic extension of 168 sammples.

by a guard interval of 60 samples, In order to maintain
the Frames UMTS bandwidth of 1.6MHz, the 1024 subcar-
rier OFDM symbol contains 410 virtual subcarriers, there-
fore reducing the bandwidth to 1.3MHz and aliowing for
a2 modulation excess bandwidth. Let us now consider the
corresponding chanrel models.

3. THE CHANNEL MODEL

The channel model used for our UMTS-type scheme was
based on a COST 207 [14] Bad Urban conformant seven—
path impulse response shown in Figure 3. Each of the
impuises was faded independently according to a Rayleigh
narrow band fading channel with a normalised Doppler fre-
quency of f; = 92.6Hz/2.17TMHz = 4.267 - 10™°, where
the carrier frequency and vehicular velocity were set to
2 GHz and 30 mph, respectively. We note here that we
also used a 155 Mbps Wireless Asynchronous Transfer Mode
(WATM) benchmark system, operating at 60 GHz over a
7-path worst-case channel, corresponding to the four wails,

ceiling and floor plus the line-of-sight (LOS) path in a2 100x100m

hall, which was characterised botk in Figure 4 and in [9].

4. VIDEO TRANSCEIVER PARAMETERS

In our UMTS-type scheme we opted for using the so-called
high bitrate slot type [4], of which there can be a maximum
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Feature Valne
BCH coding [ Turboe Coding
Modulation Differential-QPSK
TDMA frame length 4.615ms
Slots/Frame 8
Slot lengthk 577ps
QFDM carriers 1024 (612 used -+ 2 pilots)
System Bandwidth 1.6MHz
System Symbol rate (symbols/sec) 2.17 x 10°
Normalised Doppler Frequency 4.967 x 107
| Coded Bits/slot 1224 bits
Feedback control bits 27
H.263 Packetisation header bits 11
Channel Coding 4 x BCH(255,131,18) + Turbo Coding
(= 1/2 rate) 2 x BCH(127,64,10) 4+ | using 612 bit random interleaver
BCH(63,30,6) + 16bit CRC
Pre-FEC Bits per timeslof 618 594
Pre-FEC Bitrate _ 134Kbit/s 129Kbit /s
Video bits per timeslot (FEC) 580 556
Useful Video Bitrate (FEC) 126Kbit /s 120K hit/s

Table 1: Summary of UMTS-like Parameters
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Figure 3: COST 207 Bad Urban compliant impuise re-
sponse, used for the UMTS [14]
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Figure 4: WATM five-path impulse response

of eight in each TDMA frame. The OFDM system designed
for this scenario gave 1224 bits per timeslot, which yields
a channel bitrate of 265Kbit/s or approximately 130Kbit/s
before half rate FEC coding. This bitrate is suitable for
high-quality 176x144 pixel Quarter Common Intermediate
Format (QCIF) video or lower quality CIF video. Hence we
limited our system-oriented investigations to QCIF resolu-
tion. Additionally, we invoked two different types of channel
coding, BCH blocks codes {11), and turbo coding {12], which
were also specified in Table 1. Since our system required
an error detection facility for controlling the reconstruction
frame buffer updates, the use of block codes was convenient
due to their inherent error correction and detection capa-
bilities. The parameters for the UMTS-type scheme are
summarised in Table 1. Since turbe coding cannot provide
error detection, to this effect a 16bit Cyclic Redundancy
Checking (CRC) code was used. Given the 1224 bits/slot
‘payload’ per TDMA frame, before channel coding the num-
ber of bits per TDMA frame was constrained to 618 for
BCH coding and 594 for turbo coding. Half-rate, memory-
lepgth K = 3 turbo coding was used, however two termi-
nation bits per slot were required for the convolutional en-
coders. Therefore the number of pre-FEC bits per transmis-
sion packet was 1224/2 — 2(termination)—16{CRC) = 594.
This led to a pre-FEC bitrate of 134Kbit/s for BCH cod-
ing and 129Kbit/s for turbo coding. The additional system
overhead required 27 bits per packet for the reverse link’s
acknowledgement flag and 11 bits for the H.263 packetisa-
tion header [8]. This led to a video bitrate of 126Kbit/s for
BCH coding and 120Kbit/s for turbo coding. Having high-
lighted the salient video-specific system features, let us now
consider the achievable system performance in the next Sec-
tion. The parameters of the WATM benchmarker scheme
were summarised in [9].
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Figure 5: Image quality (PSNR) versus coded bitrate, for
H.263 “Miss America” simulations at 10 and 30 frames/s.
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Figure 6: Uncoded channel BER, and channel-deceded BER
of the UMTS and WATM schemes over the wideband chan-
nel characterised by the impulse responses shown in Fig-
ures 3 and 4, respectively

5. SYSTEM PERFORMANCE

Again, in our system-oriented experiments we employed
QCIF images, scanned at 30 frames/sec (fps). However,
additionally we analysed the image quality versus bitrate
performance of the H.263 codec for sub-QCIF and CIF res-
olution video sequences, in order to show the codec’s ability
to support various bitrates. The correspending Peak Signal
to Noise Ratic (PSNR) results are portrayed in Figure 5
as a function of bitrate and compression ratio, respectively,
when using the Miss America sequence. The quadrupled
number of pixels present in the CIF format resulted in an
approximately four-fold increase of the bitrate. Observe,
furthermore that the 30 frames/s {fps) scenarios required
typically a factor of two higher bitrates in order to main-
tain a certain fixed PSNR, with respect to 10 fps.

Figure 6 portrays the bit error rate (BER) performance
of both the UMTS and WATM candidate schemes over the
wideband channels characterised by the impulse responses
shown in Figures 3 and 4, respectively. It is interesting
to observe that since the number of subcarriers was suf-
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Figure 7: FER and FBER after channel decoding versus
Channel SNR for the UMTS-type scheme using BCH codes
or Turbo Coding plus CRC over the wideband channel char-
acterised by the impulse response of Figure 3 and that of
the WATM scheme over the channel of Figure 4

ficiently high in both systerns for narrow-band subchanmnel
conditions tc prevail, the modem BER curves are fairly sim-
ilar, irrespective of the different Doppler frequencies. Nev-
ertheless, the slightly lower uncoded BER of the UMTS-
type scheme manifested itself in a further improved FEC-
decoded BER. Lastly, as expected, the similar-rate turbo
codec cutperformed the BCH codec in terms of BER.
Figure 7 portrays the transmission FER and the ac-
knowledgement flag Feed-back Error Rate (FBER) perfor-
mance 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 codeword was overwhelmed by an exces-
sive number of channel errors. However, the lowest in-burst
BER of the turbo codec translated in a substantially re-
duced acknowledgement flag feedback error rate after MLD
decoding. Since the FER of the turbo coded UMTS-like
scheme in Figure 7 was not substantially jower than that
of the BCH coded arrangement, the corresponding video
PSNR performances are also quite similar, as evidenced by
Figures 8 and 9. This is a consequence of the system’s high
error resilience. Hence in this system the added turbo cod-
ing corplexity may not be justified. A similar video-rate
WATM performance curve is also shown in the Figure.

6. CONCLUSIONS

In this contribution the expected video performance of a
UMTS-type system was quantified and compared to that
of a WATM system [9). The high-efficiency H.263 video
codec was emploved to compress the QCIF video signal.
The proposed system ensures robust video communications
using both the WATM and the UMTS-type framework in
a highly dispersive Rayleigh-fading environment even at a
vehicular speed of 30mph, requiring channe] SNRs in excess
of only about 16dB for near-unimpaired video transmission.
Despite the different propagation conditions the BER and
FER modem performance of both systems was quite sim-
ilar. Furthermore, due to the high error-resilience of the
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Figure 8 Video Quality in PSNR versus channel SNR for
the QCIF “Miss America” video sequence at 30fps, using
both the WATM system [9], and the UMTS-type System
with Turbocoding and CRC or BCH ceding over the COST
207 Bad Urban impulse response of Figure 3 and over that
of Figure 4, respectively

video system the increased complexity of the turbo codec
was not justified in video performance terms, although the
acknowledgement flag FBER was significantly reduced.
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