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Abstract. A Medium Access Control (MAC) protocol of the Reservation Random Access (RRA) family is inte-
grated with a hierarchical video-coding scheme, to realize effective real-time video services over the up-link of a mobile

wireless network. For every picture or for each group of contiguous pictures (GOP), the encoder generates an informa-

tion set organized in a hierarchical layered structure. The base layer contains the information needed to a low quality
video; the other layers contain data, which, if received and decoded, can enhance the video quality. The basic idea is to
reserve bandwidth only to grant the transmission of base layer information, and modify the MAC scheme to manage the
video enhancement data together with voice/data streams, by adaptively transmitting the incremental video information
only if the performances of other traffic classes will not drop below a certain threshold. The aim of this proposal is the
improvement of the video stream quality in low load conditions, without a significant reduction of other traffic classes
performance during high load periods. Several simulation results show the effectiveness of the proposed method.

1 INTRODUCTION

Real-time multimedia networking services have re-
ceived a lot of attention in the recent years, both in cabled
(see [1-3], among others) and wireless [4-6] communica-
tion environments. In the cabled network field, for exam-
ple, there is an evident effort spent in proposals and re-
search by the scientific community to develop Quality of
Service (QoS) control techniques for effective real-time
communication over the Internet [7-11]. Nowadays, Net-
worked Multimedia Applications (NMA) represent also a
relevant issue for wireless and mobile environments.
Among the different classes of traffic that can be consid-
ered in multimedia communications, video represents at
the same time the most problematic and, potentially, the
most flexible one. It is problematic because, in general, it
requires a large amount of resources (e.g., bandwidth and
computational power); it is flexible because video can be
coded in many different ways, each of them characterized
by an output bit-rate, whose values vary over a wide
range. Obviously, the QoS perceived by users (P-QoS)
decreases with the reduction of the output bit-rate.

In this paper a new approach for a joint source-channel
coding scheme is proposed. It employs a hierarchical
video coder, integrated with a MAC mechanism of the
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RRA family. The scenario consists of a group of mobile
stations that potentially can generate three different
classes of traffic (video, audio, and data) to be transmitted
over the up-link channel of a wireless network.

In a wireless environment, large bandwidth requests
are more difficult to manage and satisfy. As a conse-
quence, the usage of an adaptive multi-rate video coding,
often proposed for cabled networks [12-14], can be
largely motivated in order to provide real-time video
services.

As concerns the design of an effective digital coder,
the related problem represents an issue of growing inter-
est, specifically if the coder has to be involved in applica-
tions employing networks unable to grant the data deliv-
ery, or an upper bound to the transmission delay. Many
approaches have been proposed in the literature in the past
few years [15-20]. Moreover, some constraints must be
taken into account while designing a packet video system:
1) the bandwidth availability can significantly change over
time, according to the aggregate network traffic load; ii)
some video data packets may be lost during the transmis-
sion; iii) the coding scheme must be characterized by a
high efficiency and a relatively low computational burden,
compatible with real time requirements. In order to cope
with the above constraints, a video digital coder should be
designed to be scalable, i.e., capable of adaptively chang-
ing its output quality according to the available transmis-
sion bandwidth, and robust enough to guarantee good
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quality even in the presence of a moderate packet loss.
The basic idea of the video system adopted in this paper
on the mobile stations is an extension of the progressive
coding paradigm, well known in the field of still image
compression (see for instance [21, 22]). The coder is or-
ganized according to a layered architecture and generates
a set of incremental information for every picture or
Group of Contiguous Pictures (GOP). The base layer pro-
duces a very low bit-rate video stream. The enhancement
layers provide progressive refinements, which integrate
the information related to the base layer stream by adding
temporal and spatial details, which, if received and de-
coded, enhance video quality.

Concerning the MAC and bandwidth allocation
mechanisms able to take into account multimedia flows,
several proposals for mobile wireless networks model
video and voice as Constant Bit Rate (CBR) sources. In
these cases, a fixed amount of bandwidth for each con-
nection is reserved., without exploiting the potentially
bursty characteristics of these traffic types. On the con-
trary, the RRA schemes. were introduced to effectively
transmit both data and packetized voice, by means of
Speech Activity Detectors (SAD) over wireless channels,
by taking into account the bursty nature of the ensuing
traffic. They mix the random access and TDMA tech-
niques, by substantially using a random access approach
to manage the channel contention of data packets and of
the first packets of every voice burst. Actually, the latter
packets act as reservation ones: if one of them is trans-
mitted with success, it reserves a slot per frame, until the
overall voice burst has been completely transmitted. The
oldest and best-known MAC protocol in this family is
PRMA [23, 24], which uses Aloha as random access
scheme. Several modifications of the basic mechanism
have been proposed, to integrate different protocols for
voice and data [25, 26], to enhance system performance
under heavy traffic load conditions [27. 28], and to ac-
commodate Variable Bit Rate (VBR) [29, 30] or Avail-
able Bit Rate (ABR) traffic [31]. We have adopted an-
other variant, named RRA- Independent Stations Algo-
rithm (RRA-ISA) [32], which uses an efficient and con-
trollable MAC technique, aimed at maximizing the
throughput over the next frame, by exploiting a dynamic
estimation of packet presence probabilities at the mobile
stations.

The idea, which the paper is based on, is to put to-
gether the know-how concerning MAC RRA protocols
and layered coding: the bandwidth of the base layer in-
formation is guaranteed, while enhancement layer infor-
mation competes with best-effort data traffic to get re-
sources. The aim of the algorithm is varying the bit-rate
entering the network. The rate changing may be per-
formed, as clearly identified in [31]. directly "by the
sources (typically based on some input conditions) or by
the system, in response to some network/system condi-

374

tions". Our paper applies this observation and proposes an
operative method to manage video, audio and data sources
over the up-link. As the data stations are assigned a cer-
tain transmission probability (i.e., the probability of a
packet presence in the transmission queue), upper layer
video sources are considered as virtual stations and the
probability of having a packet to transmit acts as a thresh-
old, becoming an important parameter to improve the
performance of the mechanism. Its choice is performed by
using information on the quality of service really per-
ceived by the users (P-QoS, Perceived — Quality of Serv-
ice). An off-line MOS (Mean Opinion Score) method on
video flows has been adopted to get the measures of qual-
ity.

The performance analysis has been carried on by
simulation. An application environment of only video and
data is considered first, followed by a more complete and
complex environment involving voice traffic, too. Ad-
vantages and drawbacks of both situations are envisaged
and highlighted.

The paper is organized as follows. The next section
contains the description of the hierarchical coding
scheme. while the MAC mechanism is described in Sec-
tion 3. In Section 4 some simulation results are reported
and the performance of the overall system is discussed.
Finally, conclusions are drawn in Section 5.

2 THE HIERARCHICAL CODING SCHEME

In this section the general features of a mobile radio
channel are first examined; then a model of the physical
performance of the channel is presented that enables the
evaluation of the channel error rate.

2.1 BROADBAND
ACTERISTICS

MOBILE RADIO CHANNEL CHAR-

The proposed hierarchical video encoder has been de-
signed to dynamically change its output bit rate in order to
meet the actual network capacity. This goal is achieved by
means of a layer-structured codec, where the delivery is
granted of only a part (the base layer) of the overall video
traffic offered to the channel.

Due to the intrinsic real-time nature of a video flow,
no automatic retransmission policy can be adopted, be-
cause of the severe delay constraints. In our network envi-
ronment, a promising approach may consist of organizing
the coded output in a set of streams, each of them charac-
terized by a different level of detail. In other words, sev-
eral streams at different average bit rate can be derived
from the main one, by simply cutting oftf some amount of
information related to a specific layer. In such a way, only
the base layer stream is transmitted by means of groups of
reserved slots; vice versa, the enhancement layers' streams
are associated with "special virtual stations", a concept
that will be clarified in the next section. Therefore. layers
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carrying image details will be transmitted according to the
actual network capacity, only if resources, in terms of
bandwidth, are available.

The proposed encoder is fed by a QCIF image se-
quence and produces five bit streams as output: the first
one bears the basic, low quality/resolution information,
while the subsequent bit streams carry auxiliary data,
useful to progressively enhance the decoded frame reso-
lution and the quality at the receiver end.

The encoder makes extensive use of the JPEG com-
pression algorithm, suitably tuned to achieve a good re-
dundancy reduction. The main reasons to base the encoder
on a JPEG coding module are the following: i) the JPEG
coder provides good compression ratios with a reasonable
computational burden; ii) it allows to separate coding of
luminance and chrominance, even with different quality
factors; iii) the coding scheme can be easily adapted to
efficiently process difference images rather than original
ones, by simply modifying the quantization of the DCT
coefficients. Other coding approaches, i.e., MPEG or M-
JPEG, have been tested during the experimental phase.
For the sake of completeness, a comparison of our en-
coder with a M-JPEG coder, characterized by a quality
factor equal to the highest one of our system, is summa-
rized. The results obtained show that the proposed coder
requires a noticeably lower bit rate when only the first
three layers are involved. On the other hand, the bit rate
associated with the M-JPEG stream is about 20% lower
than the overall load requirement of our coder when all
streams are transmitted. Actually, the choice of using a
custom JPEG-based scheme is due to the fact that the
other tested schemes exhibited higher computational
complexity, lower robustness with respect to the packet
loss, so frequent in a wireless environment, and lower
scalability. In more detail, concerning scalability, the lay-
ered coding requires a flexible and suited to the aim cod-
ing scheme. In this respect, layered coding has been cho-
sen, due to the simplicity of these types of schemes to cut
off parts of the traffic without any intervention on the
sources. Anyway, other coding techniques, suited for a
layered architecture, may also be used.

The coder works as follows. The QCIF image se-
quence is down-sampled, divided into GOPs, and then
differentially JPEG coded, in order to produce the base
layer, low-resolution, bit stream (B). Notice that the dif-
ferential images (inter frames) of the same GOP are
evaluated by subtracting the current picture from the first
image of that GOP (intra frame). This allows a simple re-
duction of the output bit rate by means of a trivial time
subsampling (i.e., packet frame dropping) of the base
layer encoded frame sequence. On the other hand, only a
partial benefit in terms of rate reduction can be achieved,
as differences are computed by using a fixed reference
picture (the first one of the GOP).
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The enhancement layers' bit streams (B,, Bs) are gen-
erated by JPEG encoding the luminance and chrominance
errors, respectively, between the original pictures and the
corresponding ones reconstructed by decoding the base
layer bit stream. If, at the receiver, B, is combined with
the base layer bit stream B, an enhancement of luminance
image quality shall result. Furthermore, if B, and B;
streams are added to B;, both the luminance and chromi-
nance quality shall be improved.

Since a non-full quality JPEG coding is applied to the
error images, an amount of information still remains to be
fruitfully coded and transmitted. if some bandwidth is
available, with the By and Bs bit streams. The latter are
obtained with the procedure used to produce the previ-
ously mentioned B, and Bj; streams. Obviously, as con-
cerns the end quality of the decoded sequence, B, and Bs
bit streams play the same roles as B, and Bj, respectively.
The encoder has been tested on some different image se-
quences, for example reproducing a speaker on a still
background (see Fig. 1, reproducing three images ob-
tained by decoding B, B|+B,+B; and all the layer
streams, respectively).

As concerns the output bit rate. the performance of the
system is summarized in Table 1. The latter presents the
bit rates associated with the five layers at different frame
rates (first row). Regarding the quality evaluation of the
decoded sequence, some preliminary results of the Mean
Opinion Score (MOS) are reported in Section 4.

Figure 1: A frame of the test sequence used to evaluate the per-
Jformance of the coder. The top one is the reconstructed image
by using the B flow, while the center and the bottom images are
obtained by decoding B, B>, B; and all the flows, respectively.
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Table 1: Bit rate in kbits/s for the different level streams versus
frames/s.

Flow | 12fps | 8fps | 4fps | 3fps | 2fps | 1fps

B, | s6 [38 |17 ]15]10] 5
B, | 134 | 88 [ 49 | 34 | 20 | 10
B; | 16 14| 3| 3] 3
B, | 371 |242[123] 90 | 63 | 30
Bs | 18 |14 6| 7| 4|3

o

3 THE MULTIPLE ACCESS PROTOCOL

We consider a cellular system, where the Base Station
(BS) and the Mobile Stations (MS) within a cell share a
common channel; the latter is structured according to a
TDMA time frame of S slots. Each MS is supposed to
generate only one traffic type of the three considered:
data, voice and video; so, we suppose to have N, Video
MSs (VMS), N, vOice MSs (OMS) and N, Data MSs
(DMS).

Letr=1, 2, ... be the discrete time unit corresponding
to a TDM-frame. Each VMS i generates information
every T time units; the ith VMS generates
R}, = R(t} ) total video packets (whose length is supposed
to fit a single slot) at the time instants t, =T"'+kT*, k=1,
2,...,where T' e [0, 1,, ..., T'-1] represents a time off-
set.

We reserve a fixed number S, of slots/frame for each
VMS (corresponding to the minimum capacity in slots
needed to transport the whole lower level coded video
information), so that the available number of slots per
frame is S, = S — N,S,, and the number of video packets

for VMS i at instant t; with no reserved bandwidth is

ﬁ,f. = R,’;. —~8, . Let R;;f" be the number of packets of bit

_
stream B, with R} = ZRZ][ , L being the number of lay-
=1
ers of the encoder (5 in our case); the S, slots are first
filled with all the B, level packets, then, if space remains,
with the B, packets and so on. Moreover, we indicate with

I?Ii‘[ the "residual" packets of level / and VMS i, not

transmitted in the reserved slots; this implies that
b by
R/\‘ = le\ .
=1

For what concerns OMSs and DMSs, all packets are
generated at free stations (i.e., stations not waiting for a
retransmission or not having a reserved slot during a
burst) according to Bernoulli distributions with parame-
ters ¢ and o, for voice and data, respectively. OMSs pro-

duce bursts of several packets (the model used for voice is
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a two-state Markov chain as in [32]) so that only the first
packet of a burst is generated according to the above dis-
tribution, while the other packets in the burst occur deter-
ministically, one per frame. Data sources always generate
single packet bursts.

To introduce the basic algorithm, let us consider first
only voice and data stations. In the RRA-ISA scheme, at
the beginning of a frame, after observing the collision
feedback for all slots available at the end of the previous
one, the base station computes the access rights for all
slots of the new frame and distributes them to the stations
within the cell.

The aim of the algorithm is to maximize the one-step
conditional throughput over the frame, by assuming the
independence of the presence of packets at the stations
and by enforcing a station to be able to transmit in no
more than one slot in a frame. In the following, the ge-
neric frame ¢ is considered, dropping, for simplicity, the

{0, 1} be the ac-
cess right (1 enabled, 0 not enabled), for station i in the s-
th slot of  the

time index from the notation. Let u; €

frame,  u® =collu] ,...uy]1.

u= Col[ul,...,uS“ ], where N is the total number of MSs,

pi the packet presence probability for station i, condi-
tioned to the past channel history, and

js(l SN N s N(_ s)
*)=3 pu; TIU-pu, (D)

j=1 r=1,r£j

Expression (1) represents an approximation of the
conditional probability of success (expected one-step
throughput) for slot s, which assumes the independence of
the presence of packets at the stations. By further enforc-
ing a station to be able to transmit in no more than one
slot in a frame, i. e.

S(l

Suj <1, Vi (2)

s=1

we can write the throughput over the entire frame as

7 Sa S
Jw)=2J"(u”) (3)
s=1
It can be proved [32] that, given a control vector u
satisfying (2), not with N components equal to 1, we can
find 4 =i +ii, withiz! «ii =0, such that J (&) > J (i) , if
and only if 35, such that

f’l(l—p,-ﬂf)—F(a%o )

i=l

Since it is easily shown (see [33, 34]) that the optimal
control vector must allow the station m with highest mar-
ginal probability to transmit, a recursion can be obtained
[32], which constructs the maximum throughput step by
step.

ETT



An Integrated Multiple Access and Hierarchical Coding Scheme for Video Communication on Wireless Networks

Let p‘\' represent the set of stations enabled to transmit

in slot s (i.e., all the stations i with uf=l), and let u® be

the corresponding control vector. We can now state the
following

Algorithm:

Step 1: (initialize): let p* =@, ¥ s:

Step 2: search for the slot S in which (4) is satistied
and the 1.h.s. is the largest;

Step 3: if slot 5 exists, and not all stations have

been enabled

- then enable the station i that has the
largest p; and has not been enabled in

another slot, that is

i=arg max {p,}
wep® Vs

p° —p’ +{}

and go to 2
- else stop

The presence probabilities p; are updated at the end of
each frame, on the basis of collision feedback and of the
knowledge of the packet generation rates Gy and o, (see
[32] for the complete algorithm and a comparison with
PRMA. which shows a significant performance improve-
ment in favor of RRA-ISA).

For what concerns the presence of video, one "Virtual"
VMS (VVMS) is associated to each video packet with an

{

assigned "presence probability" p; different for each

coding level I. Each VVMS is treated as a normal station,
with the exception that only one VVMS can be enabled to
transmit in a slot and, after it has been enabled, it exits

from the system. It is important to note that 1?,’;, packets of

VMS i, not transmitted in the interval [t,’\-.,t,';. 4+1), are
dropped. By temporarily resuming the time index 7, we
indicate with N »v ¢ the number of VVMSs still active in
the system at frame 7. Having defined the previous quan-
tity, the index ¢ can be omitted again in the following. On

the basis of the description reported above, the algorithm
is changed as follows.

Algorithm:

e

Step 1: (initialize): let p* =@, V' s:

consider the total number of stations N =
N+ N4+ N,. Enable the first S, stations
(real or virtual) with larger presence prob-
abilities (p; and p,! ) values, one each avail-
able slot; i.e., if we consider the MSs or-
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dered in decreasing order of presence prob-
ability and the available slots numbered
from 1 to S, let

p! —p/ +{j}forj=1....5,

consider slots in which VVMSs have been
enabled (if any), no longer available, and a
total number of stations N = Ny+ N, (only
voice and data stations).

Step 2

search for the slot 5 in which (4) is satisfied
and the Lh.s. is the largest;

Step 3:

if slot § exists, and not all stations have
been enabled

Step 4:

- then enable the station [ that has the
largest p; and has not been enabled in
another slot, that is
i =arg max {p“.}

wep’ . Vs
s S n
p*p +{}
and goto 3
- else stop

In this way, Pi[ i=1,...N; [=1,..L can represent a sort of
stochastic thresholds, by means of which the base station
dynamically identifies the congestion period of the sys-
tem, during which the high quality video information
should be sacrificed in favor of congested data and voice

traffic. In this sense, the parameters p,~1 act like an auto-
adaptive priority: with larger values of p,—l the voice and
data packets tend to suffer longer delays (and the video
packets tend to be transmitted, also in quite high load
conditions); the opposite happens with smaller values. For
example, it is easily seen that the presence probability of a
packet in a DMS not enabled to transmit since r frames is
givenby p=1-(1-0)": if 0,=0.05 and r = 8, then p =
0.34. This means that, to be enabled before a VMS, a
DMS has to wait at least 8 frames from its last successful
transmission if p,-/ > 0.34 Vi, V1. We have used the term
"adaptive priority" for the quantities p,-[ because the be-
havior of the system changes with the load. When data
and voice offered load is really low, the video information
is always transmitted; otherwise, when the same load is
very high, video may not be transmitted at all (except for
the granted portion). Different values of p,-l permit to
control the behavior in the intermediate load conditions,
as shown in the simulation results presented in the fol-
lowing Section.

4 SIMULATION RESULTS

Several simulation tests have been performed to
evaluate the behavior of the proposed scheme in different
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situations and to compare this dynamic approach with a
static strategy.

We have considered a TDMA channel of available ca-
pacity C = 1440 kbits/s, a frame duration of 16 ms. 40
slots of 576 bits each; 64 bits/slot are considered reserved
for FEC codes and other overhead. To better understand
the behavior of the proposed method, only one active
video source has been used (so, in the following, we drop
the index i over the VMS parameters). The video stream
is coded with the algorithm proposed in Section 2 with a
frame rate of 8 frames/s. We have fixed 7= 1.5 s, i.c.. we
collect 12 video frames before starting a new video trans-
mission (the inter-frame coding covers a set of 12 frames
in the algorithm used). The video set, produced every 1.5
s, is divided into packets of fixed length (512 bits. one
packet each slot). We consider two slots every frame re-
served for video to grant the transmission of the B, flow
without loss. We have assigned the same value of "virtual
presence probability” to the packets of all levels, i.e., p' =
p- V1, to allow a simpler interpretation of the results. The
DMSs generate packets 512 bit long, by following a Ber-
noulli distribution with o, = 0.05 for all data stations.
OMSs utilize a Speech Activity Detector (SAD) with 32
kbits/s voice encoding, providing, in this way, no more
than one packet per frame for each single OMS. For the
voice stations, we have used a simplified version of the
priority scheme presented in [32]: the presence probability
in a OMS of the first packet in a burst has been multiplied
by a fixed factor x. We have chosen x = 14, because it has
resulted a suitable value for the tested situations. As de-
scribed in [32], voice, due to its sensitivity to delay, re-
quires a higher priority than the other traffic types in order
to obtain the best performance for the whole system. Each
simulation covers a real network time of about 25 min-
utes.

){1/) PO " S L — —
90 4-|—=—p=0.25
—&—p=0.30
—=3—p=0.35
“l%—p=0.40

80 -
70

Rl e L e

30 4--mmmmmmmmmeees

Number of DMS

Figure 2: Lost video packets percentage versus the number of
DMSs for five values of p.
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The first group of results concerns a mix of data and
video traffic without voice. Fig. 2 shows the percentage of
lost video packets with respect to the overall video stream
versus the number of DMSs, for five different values of
"virtual presence probability" p: 0.25, 0.30, 0.35. 0.4.
0.45. The behavior of the system, concerning video per-
formance, can be controlled by changing the value of the
parameter p. Video packet discarding starts with lower
data load if a small value of p is set (e.g., it happens with
about 360 DMSs if p = 0.25), while discarding begins at
higher load with larger values of p (about 440 DMSs if p
=0.45).

Figs. 3, 4 and 5 show the average delay in slots suf-
fered by data packets versus the number of DMSs. for p=
0.25, p = 0.35 and p = 0.45, respectively. The results have
been obtained by using three different schemes: i) the
"adaptive" scheme, which corresponds to the application
of the proposed algorithm; ii) the "fixed" scheme, which
corresponds to reserve a fixed number of slots/frame (9
slots in this case) for the video stream, to allow the deter-
ministic transmission of all packets: iii) the "only data"
scheme. which is not a real access scheme, but reports the
delay of data packets without the presence of the VMS
and represents a lower bound for the measure of the delay.
In this last case we have considered only 38 slots avail-
able to correctly compare the results with the other two
cases. It can be easily seen that the proposed method tends
to maintain the delay under a certain threshold. which
changes with the value of p. In particular, the average de-
lay is maintained less than 10 slots (160 ms) for p = 0.25
(Fig. 3), 16 slots (256 ms) for p = 0.35 (Fig. 4) and 40
slots (640 ms) for p = 0.45 (Fig.5). It is important to ob-
serve that the higher priority to the video traffic. which. as
evidenced in Fig. 2, allows to accept a larger number of
DMSs (after fixing a threshold on the video packet loss).
imposes a higher delay to the same DMSs, as is clear in
Fig. 5. Similar considerations could be reported for the
other values of p.

30 - — PR —— g =y

Delay [slots]

370 380 390 400 410 420 430 440
Number of DMS

I:I—Adnpli\'c ——Fixed —&—Only data (38 \Inl\‘

330 340 350 360

Figure 3: Data packets delay [slots] versus the number of
DMSs forp = 0.25 .
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Delay [Slots]

T—T—7

400 410 420 430 440 450 460 470 480 490
Number of DMS

—a—Adaptive —e—Fixed —A—Onl_vdala(,?&s]ols)—l

Figure 4: Data packets delay [slots] versus the number of
DMSs for p = 0.35.

90 1. |-—=—p=0.25
_|-a—p=0.30
—¢—p=0.35
" %—p=0.40

Lost video packet %
”

1 RS R o N

330 345 360 375 390 405 420 435 450 465 480 495 510 525
Number of DMS

Figure 5: Data packets delay [slots] versus the number of

DMSs forp = 0.45 .

Table 2: MOS values obtained by decoding one or more lavers
(first column) for different levels of packet loss (first row).

0% 5% 10% 15%  20% 30%

B, 1.7 1.7 1.6 1.5 1.5 1.5
B+B, 2.5 25 2:2 2 1.7 1.7
B,+..+B 3 2.8 21 24 1.6 1.5

3
B+.4B 4.3 39 3.5 3.3 29 2.8

4
B+..4+B 4.4 4.4 4.3 3.9 3.7 3.6

S

The next results are related with the PQoS (Perceived
Quality of Service). The evaluation of the quality in the
decoded sequences at the receiver has been approached by
using the Mean Opinion Score (MOS). The results of the
evaluation have been reported in Table 2. Each column
contains the MOS values measured by using a fixed num-
ber of layers and a certain packet loss value. These results
should be considered as indicative since they have been
obtained with a limited number of measures. Fig. 6 shows
the maximum number of DMSs that can be accepted in
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the system versus the value of p. Two different constraints
on the minimum value of acceptable MOS have been
used. These last results show the effect of the MAC
scheme and of the parameter p on the PQoS.

Fig. 6 may also be used to select the best value of p in
the situation presented, namely, the value of p guarantee-
ing the largest number of acceptable DMSs with a guar-
anteed level of PQoS. No data delay bound is taken into
account in this case.

Max Number of DM S

—a—MOS > 3.5 —4—MOS > 4.0

Figure 6: Maximum number of DMSs that can be accepted in
the system with two constraints on the PQoS versus p.

The three successive graphs have been obtained with
OMSs and one VMS only. Fig. 7 shows the percentage of
lost video packets versus the number of OMSs, for three
different values of virtual presence probability p: 0.25,
0.35, 0.45. As in the previous situation, the behavior of
the system with respect to the video performance can be
controlled by tuning the value of the parameter p. The ef-
fect of modifying p is less effective in this case, because
voice traffic maintains a higher priority than the other
types of traffic. The voice packet drop percentage versus
the number of OMSs is reported in Fig. 8. The results ob-
tained with three values of the patameter p (0.45, 0.35 and
0.25) are compared with the values obtained without
video (with 38 slots available) and with a fixed allocation
of 9 slots to the video stream (i.e., 29 slots available for
OMSs). Fig. 8 shows that the use of the proposed mecha-
nism provides better performance with respect to a fixed
allocation, and that the performance of video slightly de-
creases for higher values of p (p = 0.45) and is substan-
tially equivalent to the "only voice" situation for lower
values of p (p = 0.25). Fig. 9 contains the maximum num-
ber of acceptable OMSs with a voice packet drop percent-
age lower than 1%. A voice packet is dropped if it experi-
ences a delay over 32 ms (2 frames). The graph shows
that the parameter p allows to tune the system behavior: if
a low value of p is chosen, the system behaves as in the
presence of only voice; on the other hand, a higher value
of p makes the system similar to a fixed allocation.
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Figure 7: Lost video packets percentage versus the number of
OMSs for three values of p.
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Figure 8: Packet drop percentage for voice traffic versus the
number of OMSs for three values of p, without video (only
voice), and with a fixed capacity reservation to the video (fixed).

M Finwiber of ORIS

Fixed
[29 slots]

Only Voice
[38 slots]

Figure 9: Maximum number of OMSs acceptable in the system
with the constraint of less than 1% of voice packet drop, for
p=0.45, p=0.35, p=0.45, fixed assignment and only voice.

Fig. 10 shows the behavior of the system with both
OMSs and DMSs. It reports the maximum number of ac-
ceptable DMSs versus the number of OMSs. A constraint
on the voice packet drop (less than 1%) is taken into ac-
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count. In more detail, four situations are compared:
p=0.45 with no MOS constraint over the video traffic (in
this case the video traffic does not suffer significant loss),
p=0.25 with the video MOS > 3.5, p=0.25 with video
MOS > 4.0, and the case with fixed allocation. The con-
clusions may be similar to the previous case. It can be ob-
served that, with p=0.25 and no constraint on the MOS,
the system can accept a larger number of data connections
than the fixed allocation, while, with p=0.45, the system
provides better performance of the fixed allocation only
for a high number of OMSs. The results with MOS con-
straint show that the video quality progressively deterio-
rates when the data load increases. As a consequence, the
mechanism proposed allows to choose a reference quality
for the video traffic and the corresponding acceptable
number of DMSs (data threshold); if the input load is over
such a threshold, the video quality deteriorates, but the
voice constraint is always respected until the maximum
overall traffic load supported by the system is reached.

——p=0.45
—&—MOS >4, p=0.25
—&—MOS > 3.5, p=0.25
—O0—p=025
—¥—Fixed [29 slots]
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Figure 10: Maximum number of DMSs versus the number of
OMSs, which respects the constraint on the packet drop prob-
ability, with p = 0.45 and no constraint on the MOS, with p =

0.25 and MOS > 3.5, p=0.25 and MOS > 4.0 and with fixed

bandwidth allocation (*fixed (29 slots)™).

5 CONCLUSIONS

The paper has proposed an integrated coding and mul-
tiple access scheme for the transport of video streams in
multi-service mobile radio networks. Each video source is
coded with a hierarchical scheme, which generates, for
every frame or number of contiguous frames, different
sets of hierarchical layered information. The lowest layer
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contains the minimum information to guarantee a mini-
mum level of video quality; the other layers, if received,
improve the quality of the service. The basic idea is to de-
sign a MAC scheme that grants resources only for the
lowest level video, while the packets of the other levels
contend for the available resources with the other types of
traffic and are partially or completely discarded if the total
offered load is too high. Some parameters give the op-
portunity of controlling the level of the load at which the
video packet discarding begins and, then, to decide the
quality of service the other types of traffic should receive.

The proposed scheme has been tested by simulation to
verify its effectiveness. Performance in terms of delay and
packet loss and PQoS in terms of MOS have been consid-
ered for video, voice and data. The results confirm that
this technique can effectively exploit the capability of hi-
erarchical coding to dynamically adapt the video source
generation to the network load, in order to maintain a
certain grade of quality.

Manuscript received on July 23, 1999.
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