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Abstract
A time slotted multiple access scheme that shares band-
width between source and training signals is proposed for
the transmission of variable bit rate (VBR) video signals
over non-ideal channels. The error performance is exam-
ined using finite state Markov chains that model both the
VBR source traffic and the time variation of fading chan-
nels. The characteristic time-scale of the fade duration, the
step-size parameter of the LMS equalizer training algo-
rithm, and the number of training sequences allocated per
time slot jointly influence error performance. The consid-
eration of physical layer characteristics in the design of
higher layer protocols enhances the performance of con-
ventional application layer based prev entive and reactive
error control schemes. Simulation results for fast and slow
fading channels show that the proposed channel access
scheme can lead to an order of magnitude decrease in the
bit error ratio if the combination of training overhead and
step-size parameter are chosen judiciously with respect to
the fading time-scale. In addition, the multiplexing effi-
ciency of VBR encoded video is shown to be useful for lim-
iting the channel access delays when training overhead is
increased.

I. Introduction

Secure and timely wireless transmission of multi-
media signals between mobile terminals is an important
and challenging problem for military communications.
The performance of real-time packet transmission
schemes over wireless channels is governed by the traf-
fic characteristics of the source signal, the channel prop-
erties and channel access protocols. Third generation
TDMA protocols are designed to support bandwidth-
intensive multimedia applications at a peak rate of 5
Mbps. The TDMA scheme is susceptible to inter-
symbol interference and detection errors arising from
multipath propagation and slow fading. To contend
with these problems, TDMA time slots are interlaced
with training symbols between data sequences. These
symbols enhance performance when multipath is pre-
sent. The number and the placement of training sym-
bols relative to the data sequences have been shown to
impact the performance of channel equalizers in con-
trolling error [1]. For stationary time-invariant channels

the number of training symbols required per time slot
will depend on the channel delay spread and the type of
equalizer used. In the case of fading channels the num-
ber of training slots may be varied to match the state of
the channel thereby maintaining a fixed error perfor-
mance for a given signal to noise ratio (SNR).

From the application layer perspective, channel
access protocols must bound the channel access delay
and packet loss resulting from detection errors and over-
flow rates to be well within the tolerable values. For
VBR video traffic, the delay and loss performance mea-
sures will be influenced by both the traffic characteris-
tics and the dynamics of the access protocol. For packet
video transmission, error control may be applied at the
application layer by transmitting redundant information
through forward error correction (FEC) codes or
through automatic repeat request (ARQ) retransmission
of errored packets. The FEC and ARQ schemes repre-
sent extreme cases in that the former is a preventive
scheme that incorporates the worst case channel model
and the latter represents a reactive scheme that assumes
the minimum channel information. In this work, we ex-
amine the potential of adaptive equalizers in controlling
error by changing the number of training sequences al-
located in response to a channel state. The channel
bandwidth is therefore shared between the source en-
coders and channel equalizers. The trade-off in in-
creased delays for the video source is compensated us-
ing variable bit rate encoding. Decision feedback equal-
izers are implemented to examine the error performance
for wireless channels characterized by multipath and
slow fading.

II. Transmitter, Channel and Source Models

A. Transmitter Model

A video source model of MPEG-2 encoded vari-
able bit rate video is used to simulate a channel-encoded
bit-stream input sequence. These bits when present, are
input to a BPSK modulator and transmitted over a wire-
less channel. At the receiver, the received signal is pro-
cessed by a filter matched to the symbol shaping pulse
and then input to a decision-feedback channel equalizer.
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The receiver samples the matched filter output at the
symbol rate. The equalized signal is then passed
through a maximum likelihood detector.

We consider the TDMA access scheme which is
part of the IMT-2000/UMTS standard. The TDMA
schemes require equalization techniques at the receiver
to combat the problem of inter-symbol interference that
arises due to signal arrivals generated from multipath
transmission. The IMT-2000 TDMA standard specifies
a frame time of 4.615 msec and a slot time of 288 mi-
croseconds. The number of slots per frame is 16. The
standards fix the training sequence in every slot to be 27
bits and the training sequence is interspersed between
two data bursts, each of maximum length 342 bits. In
this study we examine how this fixed slot structure may
be changed to support a variable bit rate transmission
signal and variable length training sequences in a multi-
path and fading channel.

B. Channel Model

We consider wireless channels characterized by
the effects of shadowing and multipath fading. Shadow-
ing is caused by changes in the physical features of the
propagation channel and result in a slow variation in the
mean envelope of the received signal with time. Multi-
path arrivals are caused by reflection and scattering of a
single transmitted radio signal by structures in the prop-
agation path. The variations in amplitude, phase, and
propagation delay among the different arrivals distort
the transmitted signal causing fades of upto 20dB be-
low the mean power level. The time and space varying
characteristics of the propagation path can be captured
by channel impulse response models [2,3]. The channel
impulse response considered in this work is of the form,

h(t) =
N−1

k=0
Σ ak(t) δ (t − τ k) (1)

where ak(t) are the randomly varying complex ampli-
tudes andτ k are arrival-times of thek − th multipath
component. The impulse observation time and applica-
tion time are given byt andτ respectively. The number
of multipath componentsN is assumed to be a constant.
In this work we model the multipath amplitudesak as
an exponentially decaying profile, with time constant set
equal to the delay spread. Such models have been rec-
ommended by the PCS Joint Technical Committee for
use in both indoor and outdoor channels [4].

Slow fading effects in the channel are represented
using two received power levels. A two state Markov
chain is used to model transitions between these levels.
By varying the average holding time in each state of the
Markov chain, one can examine the performance effects
over a range of time-scales of the fading process. Next
we provide a brief overview of the discrete time Markov
chain model of VBR video.

C. VBR Video Source Model

An MPEG-2 video encoder generates a bit-

stream which is modeled at the video frame level.
MPEG-2 frames can be of type intra (I ), predictive (P)
or bi-directional (B). Here we consider only theI and
P frame types, with theI frames being generated at
scene changes. TheI frame bit rates contribute to the
largest amplitudes whereas theP frames transmit the
differential information in successive frames and result
in a distribution of moderate valued frame rates. VBR
video is encoded using a fixed quantizer step-size and
therefore represents constant quality video with time.
The bit rate variability and the temporal correlation be-
tween successive video frames must be considered to
evaluate the performance in a queue. These features
have been shown to be adequately captured by a finite
state Markov chain model [5].

The VBR video source model considered here is
represented by anI state discrete-time, Markov chain,
with a transition probability matrixPV and a rate vector

RV : 

r1, r2. . . . ,r I



. The rater i represents the number

of bits generated per video frame when the process is in
state i . The last stateI represents the intraframe state
and the remaining states correspond to theP frames.
The diagonal elements ofPV are dominant with the ex-
ception thatpII = 0. This structure results due to an im-
mediate transition from anI frame to aP frame. This
diagonally dominant structure signifies that VBR video
is characterized by strong short-term correlations. The
parameters for this Markov chain are obtained empiri-
cally by analysis of a MPEG-2 stream from theBlues
Brothers movie [5]. This data is modeled withI = 17
states.

III. Multiplexing VBR Video and Training Symbols

As new wireless standards push the limit on chan-
nel capacity to support high bit rate services, flat fading
channels will be transformed to frequency selective
channels, causing a marked increase in inter-symbol in-
terference. The degradation in system performance due
to detection errors is therefore an important issue in
such systems. The use of a channel access scheme that
maximizes bit error performance without significant
sacrifice of channel utilization is considered. This
scheme seeks to balance, by increased equalizer train-
ing, the deleterious effects of impulse response and sig-
nal to noise ratio variations due to channel fading. In-
creasing the number of training bits during high fade in-
tervals results in improved detection at the cost of re-
duced channel capacity and increased delays for a fixed
rate data source. However, for a variable bit rate source,
with capacity allocated at a value between its average
and peak rates, the channel can be shared efficiently
with training bits. The adjustment of the number of
training bits in a TDMA slot can be accomplished adap-
tively at the transmitter using radio channel state infor-
mation sent by the receiver over a control channel. The
improvement in bit error performance and the lower da-
ta transmission rate during poor channel conditions
serves to diminish packet errors.
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The successful application of the proposed
scheme is influenced by the performance of equalizer in
terms of its adaptability to changing channel conditions.
The channel delay spread, the fade level and the fade
duration are three basic parameters that influence perfor-
mance. A decision feedback equalizer (DFE) is consid-
ered in this study. The least-mean-squares (LMS) algo-
rithm is chosen for adaptively training the tap coeffi-
cients. This algorithm is preferred due to its simplicity
and computational economy.

The time-variant channel is modeled using a two
state Markov chain, with a transition matrixPC and an

associated fade level vectorRC: 


f1, f2


. The fi , i = 1, 2

represent the fade amplitude levels normalized by the
rms amplitude of the fading signal. We will assume that
state 1 represents the non-fade state withf1 = 1 and f2
represents the amplitude of the fade state, when the am-
plitude falls below this value. Using Rayleigh distribut-
ed statistics for the amplitude envelope variations, theo-
retical expressions for the average fade durationsτ fi

and
level crossing rates have been determined in [6] as a
function of the normalized fade levelsfi and a given
Doppler spread. We wish to examine the impact of
{ fi ,τ fi

} on the equalizer performance. Next an access
protocol is proposed that takes into consideration the
state of a channel during transmission and varies the
number of training symbols provided per slot in propor-
tion to the fade level of the state.

A. Bit Error Performance

The performance of the LMS algorithm depends
on the multipath delay spread, the number of taps of the
equalizerM , the step-size parameterµ, the fading char-
acteristics and the spectral characteristics of the vector
input to the equalizer. In this presentation, to focus on
the main results, we fix the multipath delay spread to be
restricted to a delay spread of one symbol and consider
a fixed number of taps of the equalizerM = 5 that is
found sufficient to model this level of inter-symbol in-
terference. We focus in particular, on the influence of
the change inµ and the change in spectral characteris-
tics of the input caused due to a variation in the fading
characteristics.

A basic problem with the LMS algorithm is the
self-noise generated due to noisy characteristics in the
estimation error. This causes a deviation from the opti-
mal coefficient values. The self-noise being a function
of the input power, tends to decrease when the channel
goes into a fade state. By selecting smaller values ofµ ,
the error due to self-noise may be further reduced. This
comes at the cost of reduced convergence rates and poor
tracking performance of the equalizer. This source of er-
ror, typical for time-variant channels causes the estimat-
ed values to lag the optimum values in time [7]. How-
ev er, by providing an increased number of training slots
between data transmission, one can attempt to compen-
sate for the effects of tracking error.

In the following simulation results, the parameters

of the fading channel model are chosen as :
fi : (1. 0, 0. 6), representing a mean fade level of
−4. 436dB when the channel is in the fade state. The
av erage durationst fi

spent in each of these states may
be varied by adjusting the diagonal transition probabili-
ties of the Markov chain in the fading channel model.
We represent these durations in units of TDMA slots
and consider first the caset fi

: (30, 10), where the chan-
nel sojourns an average of 30 and 10 slot times when it
enters the normal and the fade state respectively. Based
on the channel state in a particular TDMA slot, the
number of training bits allocated is varied. When in the
fade state,ts number of training symbols are transmit-
ted. In the normal state, the standard value of 27 train-
ing symbols are retained.

In Fig. (1) we depict the bit error ratios (BER) as
a function of peak signal to noise ratio (PSNR) in deci-
bels for three choices of the length of the training se-
quence denoted asts : [27, 100, 200]. The two sets of
curves represent the errors forµ = 0. 1 andµ = 0. 001 .
It is evident that the combination of increased training
symbols and reduced value ofµ provides a significant
improvement in the bit error rate. Forµ = 0. 1, an in-
crease in length of training sequence has no effect on
the BER which stabilizes to a limit around 10−3 for large
values of SNR. But withµ reduced to 0. 001, a signifi-
cant improvement in performance is observed at the
high SNRs by increasingts to 100 and 200 symbols.
For PSNR= 25 dB, the BER drops from approximately
5.E-05 (ts=27) to 1.4E-06 (ts=100) and finally to 7.E-07
for ts equal to 200 symbols per TDMA slot.

It is however important to note that the level of
improvement in the error performance is a strong func-
tion of the average fade durations. To examine this, we
fix the PSNR= 25 dB, select an intermediateµ = 0. 01
and vary the average holding time in the fade state from
2 to 30 slots. The BERs for the three training lengths
are depicted in Fig. (2a). The relatively small values of
t f2

< 10 represent channels where fades occur for short
durations and the time between these fades is large. We
examine the error performance forts = 200 . The in-
creasedts and moderate value ofµ positions the system
to converge to sub-optimum values in the fade state.
However, due to short fade durations, the overall error
which typically occurs when the system is in the fade
state is minimized. Ast f2

is increased, the process
spends larger durations in the fade state and coupled
with the convergence to sub-optimal values for large
training sequences, results in increased error rates. A
comparison of the results forts = 100 andts = 200 show
that for t f2

> 10, a reduced number ofts = 100 produces
improvement overts = 200, simply because the process
is not allowed to deviate much further from the optimal
value forts = 100. For larger values oft f2

, it is seen that
no performance gain can be achieved by increasing the
number of training symbols for a fixedµ. Any further
performance improvement can only come by reducing
the value of µ. This result forµ = 0. 001 is depicted in
Fig. (2b). The turning points in the error for a fixedts
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occur at higher values, since the convergence to sub-
optimal state is slowed down in time due the selection of
a smallerµ.

B. Video Access Delays

The performance improvement that can be
achieved with increase in number of training symbols
comes at the cost of increased channel access delays for
the video source. We will use fluid flow analysis [8] to
derive the waiting time distributions for the VBR video
source. It is assumed that the source bit-stream enters a
buffer with infinite waiting room. The VBR source
model simulates a MPEG-2 encoder at a frame rate of
1/24th of a second. The average and peak rates of the
video source are approximately, 1. 45 and 2. 93 Mbps.
The bits wait for channel access and are serviced at the
channel rate on a first-in first-out basis . The available
channel capacity is assumed to be 2. 6 Mbps. When no
additional training sequences are multiplexed beyond
the standard specification a capacity ofC = 2. 4 Mbps is
available for data transfer. This leads to a 60 % utiliza-
tion factor. As the length of the training sequence allo-
cated per TDMA slot is increased, the capacity allocated
to the video is reduced, leading to increased utilization
factors. By increasing the training symbols from the
standard 27 per slot to 200 during the fade durations, the
utilization increases fromρmin = 0. 6 to ρmax = 0. 8.
The distribution of waiting times for channel access is
determined as follows.

The buffer occupancy is assumed to be a continu-
ous random variablex. The video input into the buffer
is represented using a continuous time Markov genera-
tor QV obtained fromPV . In the steady state, the delays
in the buffer are represented in terms of the cumulative
probability distributionsFs(x) s = 1, 2, . .I ,which rep-
resents the conditional probabilities when the source is
in states. These distributions can be shown to be solu-
tions of

∂F
∂x

D = F QV (2)

whereF is a row vector of the distributionsFs(x) andD
represents a diagonal matrix with elementsdii = r i − C.
The solution to Eq. 2 follows that of an eigenvalue prob-
lem. The set of coefficients for theI modes are obtained
using the boundary conditions atx = ∞ and x = 0. The
cumulative distribution function of the delay

F(x) =
I

j=1
Σ F j (x).

Fig. (3) presents the results for the complemen-
tary delay distribution 1− F(x) for the cases where the
number of training symbols used were 27, 100 and 200,
corresponding to utilizations of 0. 6, 0. 67 and 0. 8 re-
spectively. The horizontal axis represents the waiting
times in milliseconds. As expected the waiting times in-
crease with the utilization factor. Howev er, the increase
in the number of training symbols from 27 to 100 yields
a moderate increase in the delay from 25 to 50 millisec-

onds at the 99. 90th percentile and from 45 to 85 mil-
liseconds at 99. 99th percentile of the probability distri-
bution function. These delays are reasonable for wire-
less environments. Although the waiting times increase
to significantly larger values at the 80 % utilization lev-
el, the main advantage of the proposed method arises
when the multiplexing efficiency of variable bit rate sig-
nals is considered. That is, when more than one video
source is multiplexed on to the channel at the same lev-
els of utilization, the resultant smoothing of the instanta-
neous bit rate variations leads to better in queue perfor-
mance. Since wireless channels are limited in capacity,
for the video rates considered in this paper, the multi-
plexing of at most two video streams is possible if fad-
ing is present. With improvement in low bit-rate coding
techniques an increased number of sources can be be
multiplexed on wireless channels. Fig. (4) depicts the
waiting times at the 99. 90th percentile value of the wait-
ing time distribution as a function of the utilization fac-
tor ρ. The results illustrate the cases when one and two
sources are multiplexed. A significant increase in perfor-
mance is observed due to multiplexing. The channel ac-
cess delays under multiplexing are tolerable even at the
80 % utilization level. The multiplexing efficiency aris-
es due to a reduction in the rate variability of the multi-
plexed video stream.

IV. Conclusions

Markov chain models of VBR source video and
channel fading dynamics are used to explain the depen-
dence of BER on the length of the training sequences,
step-size parameterµ and characteristic time-scalests
of the fade durations. The self-noise of the LMS train-
ing algorithm is found to be the dominant contributor to
the detection errors. To control this, sufficiently small
values of the step-size should be considered. In combi-
nation with longer training sequences, this technique al-
lows bit error ratios at a fixed SNR to drop over two or-
ders of magnitude. The selection ofµ and ts is also
shown to be strongly dependent on the average dura-
tions of the fades. The increased channel access delays
of the video source are shown to be controlled using
VBR encoding and through the multiplexing efficiency
of these signals.
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Figure 1: The BER for changingµ and training sequence lengths.
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Figure 2(b): BER for PSNR=25 dB as a function of average holding
times in the fade state.µ = 0. 001
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