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ABSTRACT

Real-time delivery of multimedia information over the Internet is

finding increasing interest. This paper considers wide-band au-
dio transmission utilizing a priority scheme. The proposed scheme
complies with both the new Internet Protocol Version 6 (IPv6) and
the current Internet Protocol Version 4 (IPv4), providing that, in the
latter case, routers are set to manage priority. A new queuing algo
rithm, namely Priority Weighted Fair Queuing (PWFQ), is defined

and evaluated. A scalable audio encoder is adopted to perform au
dio transmissions over an emulated network. Background traffic is
emulated, employing a traffic generator that adopts a self-similar
model. Objective and subjective quality tests are performed, us-
ing a set of musical excerpts. Quality is evaluated as a function of
Internet traffic. In the paper it is shown that, by adopting an en-
coding technique with scalable bit-rate, and a prioritized transmis-
sion algorithm, a smooth degradation of quality may be obtained
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protocol, whoséest efforbperation does not fit well with the strin-
gent quality requirements of real-time services. In this paper, the
benefits that may be achieved by adopting a prioritized transmis-
sion scheme are discussed. To this end, a new queuing algorithm,
namely Priority Weighted Fair Queuing, is defined and compared
with the previously experimented techniques. The proposed tech-
nigue complies with the new version of Internet protocol, IPv6,

which is explicitly designed for prioritized transmission schemes

[1]. However, the routers can be configured to consider the Type
of Service field of IPv4 as a priority field and, therefore, the IPv4

protocol can be used too.

To fully exploit the benefits of a prioritized transmission scheme,

a suitable audio encoding algorithm is also required. The Mobile
Audio Visual Terminal (MAVT) audio encoder-decoder, chosen for
the analysis presented in this paper, adopts an object oriented cod-
ing scheme, which is very flexible in its configuration [2]. The

during network congestion periods. This technique shows betterused coding scheme allows bit-rate scalability, and is suitable for a
performance than feedback-based algorithms, in which the de|ayedstra|ghtforward prioritized packetization of audio information. In

responses cause the core stage packets to be lost in low-to-high tra

this paper it is shown that, by adopting a scalable encoding tech-

fic transitions and the enhancement packets not to be transmitted ifique, and a prioritized transmission algorithm, a smooth degra-

high-to-low traffic transitions.
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1. INTRODUCTION

Real-time delivery of multimedia information over the Internet is

dation of quality may be obtained during network congestion peri-
ods, without using any feedback message. Objective and subjective
quality tests are performed, using a set of musical compositions.
Quality is evaluated as a function of Internet traffic. To perform a
realistic performance evaluation, a network emulator is developed
and used. The emulator adopts a traffic generator based on a self-
similar traffic model. This model suits very well the typical Internet
traffic patterns, which are characterized by traffic bursts that can be
found at any time scale, from milliseconds to hours [3]. A new
queuing algorithm, PWFQ, is introduced and used in the network

finding increasing interest. New services, such as audio and videoemulator. It implements the priority mechanism and guarantees fair
conferencing, audio and video-broadcasting, or audio and video ometwork utilization, when the network is congested. It allows the

demand may become popular and world-wide spread within a shortsender not to bother about network congestion, making any feed-
period of time. This paper considers wide-band audio transmissionpack mechanism unnecessary.

over the Internet. More precisely, audio on demand distribution is
taken into consideration. Most of existing audio on demand appli-
cations have been designed for the current version of the Interne

The most important feature of the proposed PWFQ scheme, which
{'s not a congestion avoidance technique, is the smooth degradation
of quality that may be obtained during network congestion peri-
ods. Moreover, PWFQ has the advantage to be fair among different
streams. Given that PWFQ does not adopt any feedback mecha-
nism, it does not suffer from the drawbacks caused by the delayed
effects of feedback-based techniques. It has not been tested in a
multicast environment, but it is nevertheless compatible with it.

The paper is organized as follows. Section 2 illustrates some back-
ground work and the motivations of the work presented in this pa-
per. Section 3 describes the chosen audio encoder-decoder and the
prioritization scheme. Section 4 introduces the traffic emulator.



The quality evaluation results are presented in Section 5. Finally, core low-rate algorithms/tools can be used by the algorithm. For

Section 6 summarizes the most important conclusions. music encoding, MAVT adopts a subdivision into 20 sub-bands, in
the range 0-20 kHz. The sampling rate may be selected among the
2. BACKGROUND AND MOTIVATIONS following values: 8, 12, 16, 20, 24, 28, 32, 40, and 48 kHz.

Various techniques have been previously proposed, which use scal- . A
able encoders to transmit audio or video information in differenti- 3.1 ) Bit-stream description . .

ated flows. They focus on multicast environments and use differ- The bit-stream generated by MAVT audio encoder consists of a
ent multicast groups for different layers of the data stream. Somecollection of different audio objects. The first byte of the stream,
type of feedback mechanism is usually adopted to test for avail-N@med OVHO, specifies the number of objects, the input and the
able bandwidth [4]. In [5], authors base their considerations on the Output sampling rates. Audio samples are encoded on a 32 ms
TCP-Friendly Rate-Based Flow Control, which tries to be fair with frame basis. For every frame, the stream includes the parameters
competing TCP traffic. Given that the multicast grde@veoper- described in Table 1.

ation is quite lengthy and its effects are delayed joieattempts . : L.
should be infrequent. In [6] an interesting scheme is proposed for‘?"2 Packetization and PI‘IOI’Ity scheme

testing the available additional bandwidth without tryingoia a ~Audio transmission utilizes a set of User Datagram Protocol (UDP)
group: the sender transmits occasional bursts, which cause packetockets. Different sockets correspond to different priority levels.
losses in case of a lack of bandwidth. In [7], authors concentrate MAVT parameters are included in the payload of audio packets,
more on the quality of the received audio, than on the bandwidth 8ach of which consists of a length field (8 bits), a sequence number
faimess or congestion avoidance, by transmitting redundant low-field (16 bits) and a payload of variable length. The highest prior-
bandwidth data. ity packets include also a field specifying the maximum suggested
Some efforts have been done in the networking society to developPacket size. This size may not be satisfied by the highest prior-

priority-enabled protocols, but the priority feature has never been ity Packets, which must include in every case all the parameters
fully implemented for Internet applications. Some discussions and described in Table 1, excluding the music core and enhancement

experiments on priority transmission can be found in [8]. As the _stages. Packets belonging to lower prioritit_as _must satisfy the max-

authors in [8] correctly point out, when priority based mechanisms Imum suggested packet size. The high priority packet structure is

are adopted, there is no performance incentive for the applicationsShown in Fig. 1. . o )

to transmit less data during the network congestion periods. There-1he MAVT encoded stages do not contain any priority information.

fore, the bad behavior of one sender would prevent other well- Thus, priority scheme allocates music core bits and enhancement

behaved flows (like all the TCP flows, which accomplish conges- Stages among packets of different priorities in an equilibrated fash-

tion control) from transmitting. Thus, a queuing algorithm that en- 10N, in order to distribute the distortion among different frequency

forces fairness between flows is appealing. The WFQ algorithm Pands. The prioritization unit operates as follows.

has been adopted by router manufacturers and a significant amount ) ) ) ] ]

of work and research has been done in the field of fair queuing al- 1. Given the selected maximum bit rate, it determines the max-

gorithms ([9], [10], [11]). Therefore, the combination priority + imum number of bits per frame;

fair queuing + scalable encoding seems to be a valid idea for au-

dio and video transmission over the Internet. Some critics have

been moved toward fair queuing algorithms because of their intrin-

sic complexity, but they are continuously evolving and new tech-

niques are being discovered and implemented, such as the core- { b/128 kHz, b < 512,
W =

2. Given the selected maximum packet shzé,determines the
allowed bandwidthi¥, given by

stateless fair queuing [12], which can lighten the processing load of 44 (b—512) /128 kHz 512 < b < 768
the more critical backbone routers. Thus, fair queuing may become 8 + 3 (b — 768) /320 kH,z otherwise: '
fundamental in preventing network collapse, because of increas- ' '
ing multimedia traffic that does not accomplish congestion control, @
and is overloading the network. The proper combination of layered
source coding, priority dropping of packets in the network, and fair
gueuing, is the subject of the present work.

3. All core end enhancement stages in bands exceeding the al-
lowed bandwidth are discarded;

4. From the highest allowed band, it discards the highest level

3. AUDIO ENCODER enhancement stages; this operation, which may be repeated
The Mobile Audio Visual Terminal (MAVT) audio encoder-decoder, for the following levels, if necessary, and may include the
chosen for the analysis presented in this paper, adopts an object ori- core levels, ends when the allowed number of bits is ob-
ented coding scheme, which is very flexible in its configuration [2]. tained:;

It consists of a low band core algorithm, which can contain any

speech or music compression scheme (standard or non standard), 5. The core and enhancement stages that have been discarded
and of an arbitrary number of low band and high band enhance- at a certain priority level may be included in a lower priority
ment stages. The number of enhancement stages allocated to a cer-  level, if any.

tain band depends on the result of energy and Signal to Noise Ratio

(SNR) evaluations and on the available bit-rate. Core bits identify As a consequence first priority allocation scheme performs a band-
the minimum amount of information needed to provide an output width limitation and then it de-allocates the enhancement stages
signal. Enhancement bits are relevant to the additional information, belonging to the allowed bands. A simplified de-allocation exam-
which will provide the maximum quality, if delivered to the desti- ple is summarized in Fig. 2.

nation. However, they can be discarded with no need to change therhe number of priority levels can be chosen arbitrarily. In our sim-
core information. This coding scheme allows complexity scalabil- ulations we adopt, as an example, 3 priority levels with the same
ity and interoperability with other standards, because a plurality of bit rate for every level (later named flow).



Description Bits Symbolic Name

Abstract class 1 OVH1
Concrete class (sub-frame 1)3 OVH2
Concrete class (sub-frame 2)3 OVH2
Used sub-bands (0to20) | 5 OVH2
Stages per band (1-4 bandd) 3 per band{ 12 bits) OVH3
Stages per band (5-20 bandsp per band € 32 bits) OVH3
Speech core bits 0 if Abstract class = 0

(music encoding: core not used)

else

4 for Concrete class =0
32 for Concrete class =1
89 for Concrete class =2
133 for Concrete class = 3
76 for Concrete class = 4
128 for Concrete class =5
172 for Concrete class = 6
Music core and 56 + 49 * (enh. stages - 1) per band
enhancement stages or O if there are not enhancement
stages for a given band.

Table 1: MAVT frame parameters

Packet lengthl Sequence numbgr Maximum suggested MAVT data
in bytes (8) (16) size (8) (Payload, variable length

Figure 1: High priority audio packet
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looow 2000 3000 4000 5000 formance in a given traffic condition. The emulator, that is de-
picted in Fig. 3, consists of two programs: a traffic generator and
Figure 2: Example of de-allocation procedure the network emulator itself that allows one to model a specific net-

work configuration. Internal nodes may operate in First In First Out
(FIFO) mode, or in Priority Weighted Fair Queuing (PWFQ) mode.
3.3 Interleaving The first mode can be used to emulate the most common operation
Given the bursty nature of packet discarding due to congestion, themode of routers.
use of interleaved transmission of packets may be convenient to
spread losses among non consecutive packets. In this paper a block
interleaved scheme is evaluated. The block length is kept small, to
avoid the introduction of an excessive delay in the decoding proce-4.1  Traffic generator
dure. In this paper a traffic generator based on a self-similar traffic model
Assume thab is the block size andlis the interleaving step, being  has been adopted. This model, which fits very well to typical pat-
b/t an integer number. The block interleaved scheme reorders theterns of traffic that can be found in Internet, is characterized by
packets starting the transmission with the first packet in the block traffic bursts that can be found at any time scale, from milliseconds
and continuing with successive packets in the block, skipping to hours. Self-similarity may be characterized by the parantéter
packets every step. Once the process reaches the block end, the cyHurst), defined as follows. Consider a sequefig},_,, with
cle restarts with the second packet in the block, continuing in the average valu&@ (n) and varianceS? (n). The rescaled adjusted
same way. When all the packets of the block have been transmit-range statistic is given big (n) /S (n), where
ted, the next block is processed. Itis simple to show that this gives

a maximum jitter of(i — 1)(b/i — 1) packets, which will be re- R(n) = max{Zf’:l (Yi-Y(n):1<k< n} - @
moved at the receiver, by adopting a sufficiently long buffer. In our . k o .
simulations we usé= 2, b = 64. i {Zizl (Y =¥ (m) 1<k < n} '

It has been shown that, as— oo, itis B[R (n) /S (n)] = n

4. NETWORK EMULATOR for many measured sequences. In the Poisson traffic cagé itis

A network emulator has been developed for evaluating system per-0.5, while Internet exhibits a self-similar traffic witH = 0.8 [3].
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4.2 Priority WFQ router

WFQ discipline has been proposed first in [13] and, independently, giq, e 5: Throughput of superflows in a PWFQ system, for the case
in [14], [15]. The algorithm implemented in the emulator is amod-  yegerined in the text: guaranteed bandwidth (dashed lines), avail-

ified version, for accommodating priority, of the algorithm in_ [16]'_ able bandwidth (super-flow 1, 2, and 3) or requested bandwidth
named Self-Clocked Fair Queueing (SCFQ). SCFQ algorithm is g, herflow 4)(dotted lines), used bandwidth (solid lines).
slightly less complex and less fair in respect of the original WFQ

algorithm. The algorithm operates as follows. In a WFQ router,

each input data flow has an associated weigiofand a relevant andn identifies the most recent packet (that is the packet
bandwidth share given by~ AWFQ router has the following with the highest service tag) of the same super-flow, that has
characteristics: an equal or higher priority of thieth packet.

e itis work conservative: the server must be busy if there are 3. Once a busy period is over and there are no more packets
packets waiting in the system; in the queue, the algorithm is reinitialized setting to zEfo
and the packets couni$or each super-flovi.
e each data flow has a guaranteed bandwidth giveg%';r,
2

. 4. Moreover, every time a packet is received, all the lower prior-
wherer is the output rate. . Y P \ P

ity packets belonging to the same super-flow increment their

In the priority based transmission scheme, the packets belonging to service tag by addinf’, Zg)—:)j.

a given flow are ordered and transmitted according to their prior- ) ) ]

ity. Priority management is independent for every input flow (i.e. - Packets are re-ordered, according to their service tags, and
priorities of different super-flows are not comparable). More pre- packets exceeding queue capacity are discarded.

cisely, Fjefineflow a §et. of data with a given service specjfigation The proposed PWFQ algorithm extends the original SCFQ by adding
(e.g. with a given priority), anduper-flona WFQ flow, consisting ¢ hriority mechanism. If the priority is not used (there are only
of a collections of different flows. Each flow is characterized by gjngie flows in every super-flow), their behavior is exactly the same.
its super-flowk, and a priority levep, which specifies the relative ¢ taimess of the SCFQ algorithm has been demonstrated in [16].
|mportance_ of the ﬂOW.W'th'n the super-floyv it belongs to. Each For completeness, some experimental results are given here.
super-flow is characterized by a laliela weight®y, and the st gy 5 shows the behavior of the PWFQ algorithm in the most gen-

Uy, of the included flows. The queue model is shown in Fig. 4. o3| sjtyation. Assume that there are five superflows, each of which
The PWFQ router has the following operation mode. Every packet 55 an available input rate of about 9000 bytes/s. Four superflows

is marked with a timing label, namely tkervice tagthatis used  .,nqjst of a single flow, and one super-flow consists of three flows,
to determine the next packet to be transmitted. The packets in they yifterent priorities. The total available bandwidth is 30 kbytes/s.
queue are picked up for service in increasing order of the associateqrha handwidth weights of the five superflows are 10 (super-flow 1),
service tags. The service tag is evaluated according to the following,q (super-flow 2), 40 (super-flow 3, the composite one), 115 and
steps. 115 (super-flow 4 and 5; only one of these two superflows is shown
1. When a new packet arrives, it is identified with the labels I the figure, for clarity). Thus, the guaranteed bandwidths are
k,p of the super-flow, and the priority level it belongs to; 1900' 2000, 4000 and 11500 bytes/s (dashed lines n the f_|gure).
this couple of numbers identifies the packet flow, too; Given Fhat the last two superflows do. not use al[ thglr available
bandwidth, there remains some bandwidth that is distributed among
2. For each super-flok, the service tags of the arriving packets the three superflows, proportionally to their weights (dotted lines).

are iteratively computed as The solid lines represent the actual throughput. The fairness of the
algorithm is manifest.
Fi =Lk Zj &; + maa:(ﬁ,? Frur) Assume that the composite super-flow consists of three flows, each
k ’ ’ of which has an input rate of 3000 bytes/s, and assume that the third
1=1,2,.. ?3) flow has the lowest priority. Fig. 6 shows the performance of the
composite super-flow. The allocated bandwidth is 40/70 * (30000
whereF,? =0, L} is the packet length (the— th packet of - 2 *9000) = 6857 bytes/s. The two higher priority flows pass

the superflowk), F.,. is the packet currently in transmission, through completely (only one is shown, for clarity), while the third



12000 Performance is evaluated by starting five parallel music transmis-
sion sessions, one of which is monitored for quality measurement.
10000]- | Background traffic is added by using the traffic generator. Quality
is determined for the following musical compositions.

e Antonio Vivaldi: da “Le quattro stagioni”, Concerto n.2 in
sol minore, “L'estate: tempo impetuoso d’estate”,

8000 —

6000} ] e Heroes del Silencio: Entre dos tierras,

Rate, bytes/s

e John Lee Hooker: The Healer,

“ooer 1 e Franz Liszt: Der blinde &iger.

The pieces have been chosen to test different kinds of music (classi-

callrock, with/without voice) and of varying bandwidth and coding

complexity (last two pieces). The first two pieces are encoded at a

0 : ‘ : ‘ ‘ ‘ ‘ ‘ fixed rate of 64 kbit/s per second, while the other two ones are en-

0 50 100 150 200 250 300 350 400 450 . . .
Time units coded at a variable rate, with an average value of 50 kbit/s per sec-

ond for the third composition, and of 36 kbit/s for the fourth one.

Figure 6: Throughput of two flows of the composite super-flow  Three different transmission algorithms are compared using three
different queuing disciplines, so that the following cases hold:

2000 b

180

1. Basic, FIFO queue,
o 1 . Interleaving, FIFO queue,
. Congestion avoidance by using feedback, FIFO queue,

. Basic, WFQ queue,

. Congestion avoidance by using feedback, WFQ queue,

. Basic, PWFQ queue,

60 —

2
3
4
100 1 5. Interleaving, WFQ queue,
6
7
8

. Interleaving, PWFQ queue,

a0p —

9. Congestion avoidance by using feedback, PWFQ queue.

. ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ Priority-based schemes adopt three priority levels. For each musi-
0 0. 100 180 20 0250 300 350 400 450 cal excerpt, and each network and traffic condition, 3 simulations
are performed. The self-similar traffic is generated by using the
valueH = 0.8. 4 different network and traffic conditions are eval-
uated by varying the total average traffic and the WFQ weights
In order to assign WFQ weights that are significant for a compari-
son with the FIFO discipline, not requiring weights, some assump-
one has a throughput of ondy 800 bytes/s, which is the remaining ~ tions about the number of active data sessions generating the self
available bandwidth for the composite super-flow. similar traffic, must be done: first, the bit rate per session is estab-
Fig. 7 shows the delay of two flows. The lower one is the delay lished, and then, knowing the total bit rate, the number of sessions
of the single flow belonging to the super-flow 4. As shown before, IS calculated. 5 sessions are audio sessions, identified by 5 differ-
the input rate of this flow is lower than the guaranteed rate. Its €Nt flows in the emulator, while the other are data sessions, grouped
delay is, therefore, very low. The upper one is the second flow in the self similar traffic as a single emulated flow. The mean bit
of the composite super-flow (the flow with intermediate priority). rate of the self similar traffic is imposed as the number of data ses-
The flows that exceed their guaranteed (and therefore experiencéions multiplied by the bit rate per session. The WFQ weights are
packet dropping) exhibit all much higher delays, which depend on assumed to be equal to the bit rate per session.

the buffer length (not depicted in the figure). 51 Objective Quality Measurements
Packet reordering ensures that the packets are serviced foIIowinq:Or audio on demand and audio broadcasting applications, some

a _pn_ontlzed queuing dlsmpllne_. This way, the delay of the. h'.gh usual performance parameters, such as delay and jitter, are of mi-
priority packets is kept low, being not affected by the low priority nor interest, because a long delay is not annoying for the user. The

ﬁ\?:ri?r?tsclpf:ri blﬁ(fﬁrt Tr;;('ggsr?&’sesatgfnggozaetr’:gg CS)L::Te]elgglfe'tsjitter can be eliminated simply by increasing the receiving buffer
9 gnp Yy P : 4 ’ P and the delay. On the contrary, audio distortion, which depends

of the lowest priority can be delayed for a high amount of time. . . . )
The delayed low priority packets may have some chances of beingon packet dropping rate, is the main factor that affects the user per

. . . . o ceived quality. Objective quality is evaluated by using two different
E:’%r;smltted if the bandwidth becomes available within a reasonal:)ledistortion measures, selected among the wide amount of techniques

proposed in the literature (for speech quality evaluation, see for in-
stance [17]).
5. RESULTS The selected measures operate in time domain:

Figure 7: Delay of two different flows that are transmitted com-
pletely



10 10 10 10 5 Perfect | Transparent
4 Good Audible but non annoying distortio
8 8 8 8 3 Fair Annoying distortion: acceptable fo
6 6 R R a limited period of time
2 Poor Severe distortion
4 4 4 4 1 | Unusable| Music intelligibility is compromise
2 2 2 2
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08 1 12 08 1 12 08 1 12 08 1 12 Table 4: Subjective test rating scale
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Figure 8: Signal to noise degradation and signal to noise ratio (with i ¥ 1 2 % 2 Z ¥
inverted sign for clarity) as a function of network traific - ! 1 : 5 1 : 5
WFQ Base WFQ Feedback WFQ Interleaving
Ll 1 |11
e The first technique evaluates the degradation of the segmen- % E " o %
tal Signal to Noise ratio. For each frame, the decoded file % g3 E % g3
is compared with the original one, to evaluate the difference, 2 2

which is the noise. The obtained signal to noise ratio, ex-
pressed in dB, is compared with the signal to noise ratio that

1 2
PWFQ Base

1 2
PWFQ Feedback

1 2
PWFQ Interleaving

is obtained without any packet loss, and the difference is av-

eraged over the whole file. Figure 9: Subjective quality evaluation; ‘1’: Vivaldi, low traffic,

‘2. Heroes del Silencio, low traffic, ‘3": Vivaldi, high traffic, ‘4’
¢ The second technique evaluates the average signal to noiséleroes del Silencio, high traffic

ratio, by comparing, for each frame, the received file and the

file that is obtained after decoding, but without any packet o ) )

loss. The resulting noise to signal ratio is averaged over the fates. Subjective tests may allow a better evaluation of the distor-

whole file, to determine the (linear) Average Segmental Sig- tion from the user’s viewpoint [18]. To assess the correctness of

nal to Noise Ratio. previous conclusions, informal subjective tests are performed by

employing 10 listeners. All the algorithms and queue disciplines

Figure 8 shows both the segmental SNR degradation (upper partpnder test are evaluated using two of the four musical pieces. For
and the average SNR (lower part) as a function of the normalized every combination two different traffic levels are employed, both of
network traffic,G. Results are shown for a traffic range, such that them resulting in a clearly audible distortion level. Table 3 summa-
packet loss rate may be significant. Only the four most signifi- rizes the average traffic levels, and the relevant dropping rates. The
cant transmission schemes are shown for brevity (FIFO basic, FIFOdropping rates are shown for the non-feedback case only, because
with feedback, WFQ basic and PWFQ basic). the feedback makes them negligible.
All the measures are summarized in Table 2. According to mea- During the test different files, corresponding to different algorithms,
sure B, a network with PWFQ routers offers better audio quality are reproduced by following a random order, and listeners are re-
than FIFO and, moreover, it guarantees bandwidth fairness. Ac-guested to give an opinion, among 5 five possible choices, as sum-
cording to measure A, only bandwidth fairness is achieved. WFQ marized in Table 4. Some choices result from some specific uti-
alone offers the needed bandwidth for audio at lower loads only, lization of audio on demand service on Internet. For instance, a
while at higher loads WFQ is useless, because WFQ nodes wouldMusical song with a poor quality may be still useful for a user that
not give enough bandwidth to allow an acceptable audio transmis-has to decide about a possible purchase.
sion. Feedback may be used in a FIFO network to achieve fairnessResults of subjective tests are summarized in Fig. 9. The figure
but from the objective measurements PWFQ appears as offering &8hows the score dispersion, highlighting some significant differ-
better performance than FIFO discipline with feedback. According €nce among the opinions of the listeners. However, some general

to objective measure results, the utilization of interleaving does not conclusions may be derived from the results. From the subjective
lead to significant improvements. viewpoint, the spreading effect deriving from interleaving has con-

troversial effects: it shows benefits when the WFQ queue is used,
5.2 Subjective Quality Measurements but it is harmful in the other cases. When priority is used, the in-
Objective measurements allow one to perform a statistically signif- (€7€aving may produce a continuously varying bandwidth effect,
icant number of tests. However, they do not provide a reliable dis- that may be more annoying than a bandwidth reduction. In all the
tortion characterization from the user's viewpoint. Objective tests circumstances, priority allows a significantimprovement in the per-
show that interleaving alone may be useless or even counterproducteved quality.
tive, while priority based schemes may allow a significant reduc-

tion of the distortion introduced by packet dropping at high traffic 6. COMMENTS AND CONCLUSIONS



is lower, there is a slightly percey
tible improvement in quality at hig
data traffic loads, according to me
sure B (less packets are lost and the
fore less dropouts experienced); t
quality is always lower according 1

-congestion avoidance algorithm ha
h soft start); better quality at high da
atraffic loads (only measure B), bg
re&ause there are less lost packets. H
heéer quality than FIFO at low loads
o worse at high loads.

5 8VFQ/Feedback al low data traffi
aloads, better at high (the lower qug
2-ity is caused by the congestion avoi
e#nce algorithm, which is not tuned
, priority transmission, where there a
more flows with different delays).

FIFO WFQ PWFQ
Base 1 Highly unfair, penalizes data traffi¢. 4 Higher distortion than FIFO at high 7 Distortion measures do not agree;
loads (more lost packets due to faimeasure A favors dropouts (FIFQ),
bandwidth allocation), better quality measure B favors bandwidth redupc-
at low loads (no lost packets whention (PWFQ), better quality than
load < 1). FIFO at low loads (no lost packets
when load< 1); always better qual
ity than simple WFQ.
Interleaving 2 Highly unfair, penalizes data traffi¢; 5 Little or no difference compared to 8 Little or no difference compared to
slightly perceptible quality loss (to bethe non-interleaved case. the non-interleaved case.
verified with subjective tests).
Feedback 3 Lower quality, but bandwidth fairt 6 Lower quality at low loads com} 9 Useless. Lower quality thah
ness is achieved; because total lgapgared to the non feedback case (thBWFQ/Base; lower quality thap

[g)

|-
id-

measure A.

Table 2: Objective quality measurements summary

Piece and traffid G wo/ feedback| G w/ feedback| Dropping rate FIFQ| D.r. (P)WFQ

Estate, low 1.04 0.90 0.02 0.08
Tierras, low 1.11 0.96 0.06 0.11
Estate, high 1.18 0.94 0.05 0.27
Tierras, high 1.23 0.99 0.07 0.33

Table 3: Average traffi& and relevant dropping rate for the subjective quality tests

This paper examines wide-band audio transmission utilizing a prioritpaded nodes do not manage the priority, bringing the system to
enabled protocol. A scalable bit-rate audio encoder is utilized, andbehave like a non priority system. Because of this, and because
a set of priority, feedback and interleaving based transmission al-the system does not require any new protocol to be invented, the
gorithms is defined and used for the performance evaluation. Thrednternet can be upgraded gradually.

different queuing disciplines are considered. Objective and sub-The final conclusion is that by adopting a scalable encoding tech-
jective quality tests are performed, using a set of musical excerpts.nique, and a prioritized transmission algorithm, a smooth degrada-
All the tests show that interleaving alone may be useless or evention of quality can be obtained during network congestion periods.
counterproductive, while priority based schemes may allow a sig- The combination of three mechanisms (layered encoding, priority
nificant reduction of the distortion introduced by packet dropping and fair queuing) has been proposed in the paper as a base for the
at high traffic rates. transmission of multimedia data over the Internet and some practi-
Feedback-based mechanisms are useful when used in a networkal results for the audio case have been presented, though the details
without priority queuing, because they may lower the packet loss can be changed. For instance, MAVT coding may be not the best
rate and they may avoid congestion. A simple audio transmissionchoice and the presented PWFQ implementation is not compution-
scheme, without any feedback-based congestion control mechaally very efficient, even if results are encouraging. Better encoding
nism, may introduce severe performance degradation in a networkschemes and a more efficient implementation will be object of fu-
adopting a FIFO discipline, because it could prevent other well be- ture research.

haved data traffic from transmitting. On the contrary, feedback is

not necessary in a WFQ network, because the queuing mechanisny,  ACKNOWLEDGMENTS
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reduction of packet loss. A PWFQ network does not require any grator and Dr. Francesca Vatta and Dr. Giancarlo Lombardi for
further loss reduction or congestion avoidance mechanism. many fruitful discussions.

The proposed technique does not require any additional protocol

for the set-up. The WFQ is used for achieving fairness and not for
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