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 Abstract - In this paper, we propose a simple meter and 
classification scheme, specifically designed for real-time 
multimedia streaming applications in Diffserv QoS networks. 
This is based upon the observation that conformance 
deterioration takes place on such networks for all traffic of 
variable-size packets. We show that it is simple to detect, 
shape and drop packets which experience exceeding delay, 
thus reducing the incurring congestion and providing better 
network resource utilization. 
 
 Index Terms - Video-on-Demand, multimedia, streaming, 
QoS, Diffserv. 
 

I.  INTRODUCTION 

 The Internet has been based on the model of a packet-
switched network, providing a best-effort service. Provided 
that the traffic is non-real-time, this is a valid choice with 
the additional advantage of better utilization of the 
available resources. Typically, the network management 
employed by an ISP has been to provide statistical 
assurance by tracking the amount of traffic tagged as 
inbound when crossing various links over time and provide 
enough capacity to carry this traffic, even at times of 
congestion [1]. 

The last few years, however, technology advances and 
cost reduction have promoted the introduction of 
applications with real-time constrains, such as audio and 
video. Multimedia applications with real-time constrains 
need a guaranteed delivery of packets in terms of packet 
loss and delay which is not assured by the best-effort 
service provided by the Internet [17]. The necessity of new 
Quality of Service (QoS) models with better network 
utilization became evident. For this reason IETF developed 
two additional models for QoS: Intserv and Diffserv [2]. 

The Intserv (Integrated Service) approach is a 
framework under which applications can choose among 
multiple, controlled levels of delivery service for their data 
packets, individualized for each session. A participating 
router must know the resources reserved for each session 
(buffers, link bandwidth) and thus maintain individual state 
information per flow. Furthermore, each session must setup 
a call; here each router in the path from source to 
destination must be examined whether it is possible to 
reserve the necessary resources locally, in order to meet the 
QoS requirements in a guaranteed way. Typically the 
RSVP protocol is used for this purpose.  

The problem with Intserv though is that per flow 
reservation is not scalable, apart from the lack of many 
prespecified service classes that would offer more 
flexibility. 

The Diffserv (Differentiated Service) approach 
employs a small set of building blocks from which a 
variety of aggregate behaviors may be built. In this respect, 
edge routers classify, mark, measure and shape or drop 
incoming packets according to some pre-negotiated traffic 
profiles [16]. However, internal Diffserv-aware routers 
within a domain or ISP forward packets only according to 
those markings. The later is called PHB (Per-Hop 
Behavior) and uses the DS-field of the old TOS field of the 
IP header, thus maintaining full compatibility with existing 
standards. Thus, Diffserv offers service differentiation 
among the traffic aggregates and not among individual 
flows. 

Due to the flexibility of the marking scheme, as well as 
the fact that no flow states need to be maintained, Diffserv 
is considered as a reasonable candidate for the offer of 
services with QoS characteristics beyond best-effort on a 
large scale [14], [15]. Currently, two PHBs are 
standardized and under active discussion within the 
Diffserv working group: EF (Expedited Forwarding) [11] 
and AF (Assured Forwarding) [3] PHB. The former 
provides for each traffic class the abstraction of an isolated 
link with a minimum guaranteed link bandwidth. AF 
divides traffic into four classes, with three drop preference 
categories [9]. Each class however is guaranteed a 
minimum amount of bandwidth and buffering.  

Nevertheless, there is considerable criticism for 
Diffserv, since an “expensive” class might be so popular 
that congestion could cause more delay compared to a 
“cheaper” but unpopular class, given that each class is 
guaranteed a minimum amount of bandwidth. In all cases, 
policing is costly and Diffserv could run into problems if 
traffic passes through more than one administrative domain 
with different class guarantees [13]. Furthermore, policing 
does not provide fairness between TCP and UDP traffic as 
pointed out in the case of AF PHB [12]. 

So far, one important point about shaped flows has 
been that they keep their conformance consistently once 
accepted under some specific profile. This may be true 
when packets are of constant size. In the case of variable 
size packets, however, conformance consistency may not 
be maintained at egress points, even without any network 
interference as pointed out in [4] and [5]. 



Furthermore, multimedia traffic with real-time 
constraints is quite sensitive to jitter and any congestion 
can cause the information conveyed by the respective 
packets to become obsolete by the time they reach their 
destination. Video, in particular, typically requires a large 
amount of packets to be sent. It is, therefore, important to 
examine whether significant savings in terms of network 
resources can be achieved by detecting and dropping such 
packets as early as possible at intermediate nodes – 
especially in Diffserv-aware networks. 

Based on these assumptions, we propose the use of a 
meter and classifier at the egress of each successive DS 
region, which detects and drops RTP packets with 
excessive delays, thus freeing valuable network resources 
and reducing congestion. 

The rest of the paper is organized as follows. In section 
2 we formulate the problem. In section 3 we present our 
proposal and a preliminary analysis of its performance. Our 
conclusions follow in section 4. 

II. PROBLEM FORMULATION 

 We assume that there is at least one Diffserv ISP 
domain between a source and a destination host pairs. 
Furthermore, there are Diffserv-aware routers at both 
ingress and egress boundaries of each domain with 
appropriate classifiers not only of the BA (Behavior 
Aggregate), but also of the MF (Multi Field) type [6]. In 
this way, it is possible for them to examine more packet 
fields than just the DS code. 
 We also assume that there are at least two video/audio 
flows that pass through the nodes mentioned above over 
the same time period. These flows may be both unicast 
and/or multicast broadcasts, with multicast groups being 
dynamic in nature [7]. Thus, there are n senders and m 
receivers, where n ≤ m. RTP [8] over UDP is mostly used 
for carrying video and audio. 
 Given these assumptions, we want to determine the 
following: 
   

 Whether conformant RTP packets can become 
non-conformant to jitter restrictions, while 
traversing subsequent ISP domains. Such packets 
would be probably dropped by the receiver, so it 
is best to drop them as soon as possible in order to 
free network bandwidth. 

 
 If the above is correct, then we need to estimate 

the amount of such traffic which becomes non-
conformant. In this way we can establish whether 
appropriate measures are worth taking. 

 
 If the previous hold, then we need to find a 

solution for detecting and dropping RTP packets. 
This solution must be simple, efficient and 
compatible with the existing Diffserv framework, 
so that it is easy to implement and deploy. 

 

III. PROBLEM SOLUTION 

A. Conformance Deterioration 
 RTP packets can be of variable size, since the 
multimedia content they convey depends on the actual 
codec(s) used. In general, Diffserv QoS regions carry 
shaped traffic which is conformant to the respective 
profile(s) at ingress points. Also, it is understood that video 
transmission to large, dynamic multicast groups is possible 
to generate at least transient connections [9]. Although this 
may be largely true for fixed size packets, it is important to 
determine whether it holds for variable sized packets, as 
well. 
 As shown in [5], it is possible to have conformance 
deterioration for any type of variable size packets. Let us 
assume a Diffserv region composed of three routers which 
all have a TB (Token Bucket) mechanism as depicted in 
Fig. 1. The first two routers (R1 and R2) are ingress and 
the third (R3) an egress node. All routers use a TB shaper 
with parameters (r, b), where r is the rate of generated 
tokens and b the size of the bucket. Packets are generated 
at nodes R1 and R2 which are then regulated by the TB 
included in each of them. This traffic is sent over the 
respective link at a constant rate C and regulated at R3, 
before ending at the Sink. 
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 Fig.1 Simple topology for conformance deterioration 
  
 Assume that L1 and L2 are two initially conformant 
packets of respective size in bits, that the TBs are full with 
b tokens at both the ingress and egress nodes when L1 
arrives (in full) and that TBCn, t is the TB capacity at node n 
at time t, expressed in tokens. If L1 is sent from an ingress 
node at time t1 and subsequently at the same node packet L2 
arrives at time t2, the latter is conformant with TBCing, t2 = 
L2. This packet departs the ingress at time t2 and arrives at 
the egress at time t3. Thus, the transmission time for packet 
L2 is Δ2 = t3 - t2 = L2/C. 
 At the egress node, L1 arrives at time t2 and leaves 
TBCegr,t2 = b - L1 tokens. Since the transmission period of 
L2 is Δ2, as many as r•Δ2 = r•L2/C tokens are accumulated. 
By the time t3 when L2 arrives at the egress node, there are 
TBCegr,t3 = b - L1 + r•L2/C tokens available. Therefore, if 
TBCegr,t3 < L2 then L2 becomes non-conformant as shown in 
Fig. 2. 
 Since the latter is quite possible, we reach the 
conclusion that conformant packets can indeed become 



non-conformant. The direct consequence of this is that 
non-conformant packets will either have to be dropped or 
reshaped. The first action would lead to retransmissions for 
reliable traffic, whereas the second would require buffering 
of packets and transmission at some later time when the TB 
will have enough tokens. The latter course of action leads 
to some degree of congestion, delay and, therefore, jitter 
that is introduced for RTP packets. Should this prove to be 
large enough, the respective RTP packets will have to be 
dropped by the time they arrive at their destination. 
 

 
 

 
 Fig.2 How conformance deterioration takes place 
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Alth gh ve e is some provision 
for feedback on behalf of the receivers through the use of 

only if  speed is equal to the token rate r, or infinity. 
The wo ssible case for conformance deterioration 
takes place when we have: dη/dα = 0, from where we get 
that α = ½, in which case η = 11.1%. Moreover, 
conformance deterioration becomes worse if more nodes of 
the same type are included in series after R3 in Fig.1, 
without any traffic shaping taking place in between. 
Increasing the size of the TB reduces non-conformant 
traffic at the expense of longer delays, assuming that there 
is enough buffer space. 
 
C. A Practical Solution 

Having established a good est 
of non-conformant packet

aware network, we now turn our attention to a possible 
practical solution along the lines described earlier. 
 Given that in Diffserv networks internal nodes 
typically check only the DS field for their PHB (P
Be avior), the only points at which any possible solution 
can be applied are the edge routers [9], [10], if the 
maximum degree of compatibility is required. More 
specifically, these are the ingress and egress routers of such 
a Diffserv region, where an appropriate MF classifier must 
be employed. The question now is what such a classifier 
should detect and classify in terms of real-time multimedia 
traffic. 
 Typically, real-time multimedia traffic uses UDP and 
the tend
UDP is unreliable, hence non-responsive to congestion and 
other problems that may arise. 
 In [1] it is proposed that the routers concerned look at 
the history of out packet drop
connections (e.g., those using UDP) from such sources are 
overrepresented. In this way non-responsive connections 
are isolated from the rest and some fair-queuing 
mechanism is employed in order to “punish” them. 
Nevertheless, such a scheme would be quite expensive; 
furthermore, it must be pointed out that not all UDP traffic 
conveys real-time multimedia traffic.  
 Instead, we propose the adoption of a filter that checks 
for the following fields: 
 

 Whether it is an 

 The source IP address 
 

 The RTP timestamp 

 fil r employed has to b
R
packets i, i+1, from the same source experience a delay δ
i,i+1 ≥ 150 msec; should this happen, the respective RTP 
packet is dropped, since it will be too late by the time i
reaches its destination and would be discarded there 
anyway.  

Nevertheless this scheme cannot be applied directly, 
since it is 

 lost or dropped before reaching an edge router. It is 
also possible, that RTP packets are not generated at 
constant rate (e.g., periods of silence in voice applications). 
For this reason, the RTP timestamp tsi of successive 
packets should be used in order to compare the timestamp 
difference to the actual delay; obviously an RTP packet i+1 
should be dropped only if both conditions below are true: 
 

 tsi+1 - tsi < 150 msec  (2) 

 δ i,i+1 ≥ 150 msec  (3) 
 

ou  RTP is not responsi , ther
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RTCP reports. Therefore, it is expected that the sender(s) 
in such cases will eventually detect a higher rate of 
undelivered RTP packets, thus lowering their transmission 
rate if possible. This occurs even in the special case of a 
class with low data rate but many packet bursts, since 
RTCP RR packets report back using the loss fraction field 
whose value is calculated per interval. 
 There is no need to use other fields, such as 
destination address, since jitter is the only determining 

Let us assume that, on average, the total RTP traffic 
ssive DS regions. In the case of light 

CP traffic, which is aggressive, or due to other 
ct

factor for each flow coming from the same source. 
Furthermore, when calculating the difference of 
timestamps of successive packets, only the last 16 bits of 
timestamps need to be used in most cases [8]. 
 
D. Performance 
 
has to cross k succe
traffic, there will be no congestion due to non-conformance 
or any other reason and all packets will reach their 
destination. 
 At some time though, congestion will take place, either 
because of T
fa ors, inclusive of conformance deterioration as 
discussed above. In this case, there will be a conformance 
deterioration ηi introduced by each successive DS region, 
where 1 ≤ i ≤ k. Therefore, the total amount of 
conformance deterioration is: 

  ηtotal =  
k

i
1
η∑    (4) 

 destinations, the 
maximum conformance deterioration will be k•η . If p is 

e 

 q  of RTP traffic is dropped at every egress 

 A direct above is that the 
k

 By the time the RTP traffic reaches its
max

th percentage of the whole traffic which is of the RTP 
type, then in the worst case a total of p•k•ηmax RTP traffic 
will reach the respective destinations too late and will be 
dropped. 
 If, instead, we apply the proposed solution, and a 
percentage i
node due to its exceeding delay, we get that the RTP traffic 
proceeding to the next DS region now becomes (1 - qi)•p. 
Hence, at the egress of the kth DS region we have:  

(1 )
k

iq p−∑  and obviously, q
1

i ≤ ηi. 

 consequence of the 

remaining traffic is up to [ (1 ) (1 )]i
1

p q p− + −∑  and 

that at each stage up to p

 
 

•qi bandwidth is now freed, 
reducing the probability of conformance deterioration. 

IV. CONCLUSION AND FUTURE WORK 
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