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This paper focuses on the transient analysis of congestion and flow control ~e~hanism.s in CCITT Signalli~g 
System No. 7. The standardized signalling traffu: flow control procedure m mternatzonal networks and lts 
interworking with the User Part congestion control are investigated in som~ detail. ~n p~rtre.ular, ~e ~how that 
problems with the route-set-method (RSM) may arise in case of a.symmetr~ load dlstn~utzo~s wlthl~ a route 
set, and that another method, the congested-Link-method (CLM), lS able to lmprove the sltuatwn conslderabl~. 
Two approaches which are based on transient discrete event simulation on the one hand, and on a hybrid 
analysis technique on the other hand, are used for our investigations. 

1 Introduction 

Within the Integrated Services Digital Network (ISDN) 
[5], call and connection control information as well as 
user-to-userinformation are carried by a separate signal
ling network, which is based on the CCITT Common 
Channel Signalling System No. 7 (SS7) [6, 7, B]. This 
signalling system was mainly designed for outband trans
mission of signalling and control information within tele
phone networks and within the ISDN. For the informa
tion transfer, so-called Message Signal Units (MSUs) of 
variable length (within a given range) are exchanged be
tween different Application Parts or User Parts, respec
tively, via the SS7 network. The term "user" refers to the 
application-dependent parts of SS7 which "use" the SS7 
network for the transmission of messages. For the termi
nology specific to SS7, the reader is referred to [6,7, B] 
and to [2]. 

In order to provide high overall system performance, 
procedures have been defined to cater for failure and 
congestion situations. The basic idea behind the conges
tion and flow control is that a User Part which contributes 
to a route set congestion should reduce its traffic accord
ing to its load contribution. In order to keep the corre
sponding procedures as simple as possible, the original 
Message Transfer Part (MTP) flow control was based on 
the following assumptions: 
Assumption 1: All traffic streams have approximately 

the same characteristics. 
Traffic streams generated by the early SS7 User Parts, 

i.e., the Telephone User Part (TUP) and the Data User 
Part (DUP), had more or less the same characteristics. 
Therefore, at this time, it was not necessary for the 
congestion control to distinguish between the different 

User Parts within a Signalling Point (SP). 
Assumption 2: MSUs are all of about the same length. 

MSUs sent by the early User Parts had more or less the 
same length. Therefore, the actual load contribution of a 
specific User Part is reflected by the MSU rate generated 
by this User Part. 

These assumptions, however, are no longer valid when 
new applications such as mobile communications, Opera
tion, Administration and Maintenance (OAM) services, 
or new database-related services like BOO Service, are 
introduced. Such services are mainly based on the Intel
ligent Network (IN) concept. The reason is that most of 
these new applications lead to new requirements and 
traffic characteristics. As a consequence, a re-investiga
tion of the SS7 flow control with respect to these new 
requirements is needed. 

Performance modelling and analysis of components 
and basic mechanisms ofSS7 has been studied in a num
ber of publications. Modarressi and Skoog [11, 12, 13], for 
example, have presented several performance analysis 
contributions dealing with signalling links including the 
impact of user-to-user information. Some formulas for the 
link performance can also be found in Recommendation 
Q.706 [6]. The modelling of overall signalling network 
performance aspects has been addressed, for example, by 
WillmannandKiihn [14], andbyConway [9], whereas the 
transient behaviour of the changeover/changeback proce
dure, which is used in case of link failures, has been 
analysed by Akinpelu and Skoog [1] using a simplified 
model. Finally, the congestion and flow control proce
dures have been studied by Brown, Chemouil, and Delosme 
[3, 4], and by Lee and Lim [10], where the steady-state 
performance and the triggering behaviour of the conges
tion control scheme have been analysed for national 
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networks without congestion priorities. 
In this paper, the congestion and flow control mecha

nisms in SS7 are investigated in some detail. In particu
lar, the influences of the User Part congestion control 
mechanism are taken into account. The transient behav
iour of the user and link load is evaluated by means of a 
hybrid analysis technique and by discrete event simula
tion. Special attention is directed to the effects of asym
metricloadcaused by bulk-data users such as, for example, 
file transfer applications for OAM purposes. We show 
that asymmetric load distributions may have a significant 
influence on the MTP flow control and, therefore, on the 
real-time signalling performance. These effects can be 
reduced by the congested-link-method (CLM), which yields 
better results in case of asymmetric load distributions. 

In the next section, the MTP flow control and the User 
Part congestion control are described. The underlying 
performance model and the hybrid analysis technique 
used to solve this model are presented in Section 3, and 
some numerical results are given in Section 4. 

2 Congestion and Flow Control in SS7 

Due to failures or due to congestion within the signalling 
network, it may not be capable of transferring all the 
signalling traffic that is offered by the User Parts. Such 
congestion situations may arise within each individual 
SS71evel, i.e., in level 2 (link congestion), in level 3 (route 
set congestion and signalling point congestion), and in 
level 4 (User Part congestion). If no appropriate actions 
are taken, message loss can occur which results in poor 
signalling performance. Hence, it is the purpose of the 
SS7 flow and congestion control to limit signalling traffic 
at its source until the congestion or failure situation is 
resolved. When the original transfer capability is re
stored, the normal traffic flow is resumed. 

2.1 MTP Flow Control 

In the following, we concentrate on the route set congestion. 
A signalling route set is called conges ted if at least one link 
within the signalling route towards the affected destination 
is congested. Thus, route set congestion is closely related 
to level 2 congestion, i.e., link congestion. 

The congestion status of a link is primarily determined 
by the buffer occupancies ofits transmission and retrans
mission buffers. For our investigations, no congestion 
priori ties are taken into account, and the three thresholds 
defined in Recommendation Q.704 [6] are congestion 
onset (0), congestion abatement (A), and congestion dis
card (D), with A < 0 < D. In order to prevent the conges
tion control from oscillations, a hysteresis is provided. If 
the link is in the uncongested state and the predeter
mined congestion onset threshold 0 is exceeded, the link 
status changes to congested and remains in this state 
until the congestion abatement threshold A is reached. 
Then the link status returns to the uncongested state. 
The congestion discard threshold D is equivalent to the 
total buffer capacity. 

In the international network, two congestion states 

are defined for the route set congestion: congested and 
uncongested. In case of congestion, appropriate actions 
have to be taken in order to remove the congestion 
situation. If a route set congestion is detected, the MTP 
flow control mechanism proceeds as follows (see [6]): the 
stream of messages that are to be transmitted over the 
congested route set is considered, and one message is 
chosen arbitrarily out of every n (n = 8) messages belong
ing to this stream. A transfer controlled (TFC) message is 
sent towards the originating point of each selected mes
sage. In this way, each signalling point, where at least one 
User Part is located that contributes to the traffic load of 
the congested route set, will receive such TFC messages; 
on average, the corresponding TFC rate will be propor
tional to the MSU rate this signalling point transmits 
over the congested route set. In the following, this method 
is called route-set-method (RSM). 

According to the CCITT recommendations, User Parts 
within a signalling point are not distinguished. Thus, on 
receipt of a TFC message, or if a signalling point detects 
the congestion situation by itself, the MTP informs all 10-
cal User Parts about the congestion situation by means of 
MTP-STATUS primitives with indication CONGESTION. 
In the following, these primitives are called congestion 
indications (Cls). The basic idea behind this is that, 
besides statistical fluctuations, the arrival rate of Cls 
should reflect the contribution of each individual User 
Part to the whole traffic load of the congested route set, 
and a User Part should reduce its traffic load according to 
its contribution to the congestion situation. 

Nevertheless, in order to keep the MTP flow control 
procedure as simple as possible, the Cl rates are not 
derived from the actual bit rate, i.e., from the actual 
contribution to the route set congestion, but from the total 
MSU rate that is transmitted by all users of the SP 
towards the affected destination. This mechanism works 
quite well if all traffic streams have similar characteris
tics and all MSUs are of about the same length (real-time 
signalling messages). 

In the presence of bulk-data users, however, the situ
ation may change significantly, because such applications 
may have quite different characteristics in comparison 
with real-time signalling applications. File transfer ap
plications, for example, will probably use MSUs of the 
maximum permissible length. Since long messages con
tribute much more to the load than short ones, the 
corresponding MSU rates do not correctly reflect the 
contribution to the total link load. In addition, no load 
sharing is performed for one connection since all mes
sages belonging to this connection follow the same path 
through the signalling network. Within a single route set, 
this may lead to asymmetric load distributions. 

In order to improve the situation for asymmetric load 
distributions within a route set, the congested-link-method 
(eLM) has been proposed as an alternative to the RSM. 
The only difference to the RSM is that the Cls are not 
generated with respect to the whole route set. Instead of 
this, only the congested links within the congested route 
set are taken into account. As will be shown in Section 4, 
this method yields an improvement for asymmetric load 
distributions. 



2.2 User Part Congestion Control 

Since the MTP does not take any other actions except 
informing its User Parts about the route set congestion. it 
is the responsibility ofthe corresponding users to take ap
propriate actions. i.e .• to reduce their traffic in the affected 
direction. Recommendation Q.764 [7] specifies for the 
ISDN User Part (ISUP) that the traffic load. e.g .• new call 
attempts. has to be reduced in several steps on receipt of 
Cls. When the congestion situation has ceased. traffic is 
increased stepwise to the normal load. The number of 
reduction steps and the amount of reduction/increase of 
the traffic load at the various load levels are considered to 
be implementation-specific. In the following. this level 4 
congestion control of the ISUP is described in detail. 

On receipt of the first Cl. i.e .• an MTP-STATUS primi
tive with indication CONGESTION. which maybe caused 
by a TFC message. the traffic load is reduced by one steP. 
and the timers 1'29 and T30. with T 29 < T30 are started. 
In order not to reduce the traffic too rapidly. all further 
Cls are ignored while T29 is running. If a Cl is received 
after the expiry ofT29. but with T30 still being active. the 
traffic is reduced by one more step and both timers are 
restarted. This stepwise reduction ofthe signalling traffic 
may be continued until the last level is reached. After the 
expiry of T30. i.e .• no Cl has been received between the 
expiry ofT29 and that ofT30. the traffic is increased by 
one step and T30 is restarted. unless the full traffic load 
is resumed. The values of both timers are specified as 
T29 = 300 - 600 ms and T30 = 5 - 10 s. respectively. 

Figure 1 shows a typical sample path of the user load 
level. which illustrates the congestion control scheme of 
the ISUP. The full traffic load is denoted as level O. and 
increasing the load level means reducing the traffic. 

user load 
level 

: h~: -----4 

T29~ P>-
T30 pTIazr:$ITZ<-:·,,······· ·· 

+ t t 
I 

tw.: time 

Cl Cl Cl Cl: congestion indication 

Figure 1: Sample path of the user load level 

3 Analysis of the Congestion and Flow 
Control Procedures 

It is obvious that a detailed model of a complete signalling 
network. which takes all the influences of congestion and 
flow control procedures into account. is rather com plex. In 
our approach to investigate the SS7 congestion and flow 
control we consider the most general case depicted in 
Figure 2. It consists of the destination SP Z. which is 
connected to the Signalling Transfer Point (STP) via sev
eral signalling links. All originating SPs Xlo ... ,xn. which 
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mayor may not be adjacent nodes of that STP. are 
assumed to have signalling relations to the destination 
SP via this STP. Without loss of generality. we assume 
only one User Part within each originating SP. The 
congestion of the route set towards Z is detected by the 
STP. This congestion may be caused by a congested 
signalling link within this route set. According to the 
MTP flow control procedure. the STP then sends TFC 
messages towards the originating SPs Xlo ... ,xn' 

route set 

cet 
destination SP 

originating SPs 

Figure 2: Basic model 

Two performance evaluation approaches are used to 
study the transient behaviour under overload situations: 
transient discrete event simulation and a hybrid. itera
tive analysis method. The results obtained from both 
methods are compared in Section 4. 

3.1 Transient Simulation 

A detailed model comprising the relevant MTP level 2 and 
level 3 protocol functions as well as the User Part conges
tion control is used as a basis for the simulation. However. 
due to space limitations. a description of this simulation 
model cannot be presented in detail. In summary. this 
model comprises all message streams. the transmission 
buffers with their congestion thresholds. transmission 
channel disturbances. the congestion control procedures. 
and all other relevant parts of the signalling network. 
Overload situations are simulated by switching between 
two states: a normal and a heavy load situation. These 
states correspond to different original loads for all or some 
of the users. Our main interests are focused on the 
observation of the transient behaviour of the offered load 
of each User Part on the one hand. and of the total link 
load in case of overload situations on the other hand. Due 
to the detailed traffic models. accurate results can be ex
pected from these simulations. 

3.2 Hybrid, Iterative Analysis 

A different method is used in the second approach. The 
basic intention was to develop a simple method which 
allows to evaluate the transient behaviourofthe flow and 
congestion control; this method should be applicable even 
to complex signalling networks. A hybrid analysis is used 
that combines analytic models with random number gen
eration as known from discrete event simulation. 

Assuming Poisson message arrival processes for the 
MSUs at the STP as well as for the CIs at the originating 
SPs. an embedded Markov chain can in principal be used 



416 

to describe the behaviour of the congestion control proce
dure of each individual User Part, where the state k is 
defined by the user load level within the range of 0 (no load 
reduction) through K (highest load reduction). The em
bedded points in time are the changes of the user load 
level caused by arrivals of Cls or by timeouts of T30, 
respectively. The corresponding state transition diagram 
is depicted in Figure 3. P d (k ) denotes the probability of 
decreasing the traffic load by one step in state k, i.e., a Cl 
arrives when T29 is not active, and Pi (k) denotes the 
probability of increasing the load, i.e., no Cl arrivals have 
occurred between the expiry of T29 and that of T30. 

Pd (K-1) Pd (K) 

=::®:) 
Pi (K) 

Figure 3: Embedded Markov chain 
for the user load model 

Besides T 29 and Tao, the probabilities P d (k ) and Pi (k) 
depend on the state k, since the MSU rates and, therefore, 
the Cl arrival rates vary from state to state, and the Cl 
arrival rates depend on the link status. 

In order to get a tractable system even in case of com
plex networks and many users, the following approxima
tions are introduced for the transient analysis: changes of 
the load level k and of any other system parameters are 
only possible at discrete time instants tn' n = 0, 1, 2, ... , 
of the iteration interval steps. This implies that mean 
values within these intervals can be used. Since all Cls 
are ignored while T29 is active, it is obvious to use this 
timer value as the discrete time interval for the iteration, 
i.e., tn+l- tn = T29, and to assume that Tao IT29 is an inte
ger. During this time, k cannot be increased twice. The 
hybrid, iterative analysis is performed as follows: 

1. Set n = 0 and determine the mean MSU arrival rate 
'Au,.z<to) for to = 0 individually for each user u and each 
link l. This is the original traffic load at the beginning 
of the analysis. 

2. Increment n and calculate the total link load rl (tn ) for 
each link 1. With Bu denoting the average MSU length 
of user u (including level 2 overhead), Ubeing the to
tal number of users and C the signalling link trans
mission rate (in kbitls), rl(tn ) is given as 

U 

L Au,l(tn )· Bu 
u =1 

PI (tn ) (1) c 
provided that no messages are lost. The decision whe
ther a link is congested or not is derived from a 
comparison of the actual offered link load rz (tn ) with a 
maximum load l'MAX . This value rMAX represents the 
maximum link utilization for an uncongested link. If 
rl (tn ) > !'MAX, the link is assumed to be congested. 

3. Compute the mean TFC message arrival rate NrFC itn ) 

for each user u. As described before, the gene~ated 
mean TFC rate is proportional to the MSU rate, since 
a TFC message is generated for every n messages. Let 

L be the total number of links within the congested 
route set, then 

( 

0 if uncongested 

ATFC,u (tn)= ~ Al4l (tn)·f ted 
.4..J 1 conges 
l=l n 

(2a) 

for the RSM. If the CLM is applied, then (2a) is 
substituted by 

( 

0 ifuncongested 

ATFC,u (tn )= ~ Au,l (tn)·f ted (2b) 
.4..J 1 conges 

n 
l=l 

le(CL} 

where {CL} denotes the set of congested links within 
the congested route set. The only difference between 
(2a) and (2b) is that the summation in (2b) is performed 
over the congested links instead ofthe all links in (2a). 

4. Compute the probability P d u(tn) for decreasing the 
traffic load of user u, i.e., the probability of receiving a 
TFC message during the iteration interval, under the 
assumption of a Markovian arrival process of TFC 
messages at each originating SP. This is given by 

Pd,u (tn ) = 1- e - ATFC,u (tn ) • T29 . (3) 

5. Determine the new load level k for all users for the next 
iteration step as follows: a random number X uniformly 
distributed in (0,1) is generated. If X ~ P d itn ), user u 
reduces its offered traffic load, that me~ns, its load 
level k is incremented. The traffic load is increased, if 
no traffic reduction has occurred during Tao, and if 
normal traffic is not yet resumed (load level k = 0). 

6. Determine the new mean MSU rates 'Au"l(tn+l) of each 
user for the next interval (tn+l) depending on the new 
load level k and on the original load, and go to step 2. 

Steps 2 through 6 are performed iteratively to yield the 
transient behaviour of the user traffic load. 

There are several extensions to this basic algorithm: 
first, the original load may be an arbitrary function of the 
discrete time tn. The offered load, i.e., the load offered by 
the user to the network, is calculated from the original 
load at this time and the actual reduction factor, which is 
determined by k. Furthermore, since the actual load re
duction affects only new call attempts, the offered load at 
time tn may depend on previously accepted calls (call 
duration). Finally, step 5 can be refined by a more precise 
treatment ofT29, which can extend into the time interval 
that follows a load reduction. 

4 Numerical Results 

In this section, numerical examples of the transient 
behaviour of the offered user load and of the total link load 
in congestion situations are presented. The results were 
obtained by transient simulation and by the described 
hybrid analysis technique. 



The parameters for both methods are chosen as fol
lows. For the congestion control of the User Parts, it is 
assumed that the load reduction comprises 10 steps, 
where each step stands for a load reduction of 10 percent 
of the original traffic. For simplicity, the offered traffic is 
assumed to be reduced immediately after the reception of 
a Cl. The timer values for T29 and T30 are T29 = 300 ms 
and Tao = 17 • T29 = 5.1 s, respectively. For the analysis, 
the maximum permissible load of a link is assumed to be 
PMAX = 0.85. In contrast, for the simulation, the conges
tion thresholds ofthe transmit buffer are chosen asA = 11 
and 0 = 15 to decide about the link congestion. These are 
the same values as in [10]. The transmission rate of each 
link is assumed to be C = 64 kbitls. In order to get repre
sentative results, all curves show the mean values of 
about 200 elementary tests. Since, in general, the confi
dence intervals are smaller than one percent of the mean 
values, they are not shown for clearness. 

In the first scenario, the effects ofthe asymmetric load 
distribution on the congestion control are investigated. 
The RSM is compared with the CLM, and a congested 
route set consisting of L = 4 links and U = 10 users is 
considered. To show the effects of asymmetric traffic load, 
user 1 is assumed to be a bulk-data user sending long 
messages (MSU length B = 256 byte, including level 2 
overhead) only over link 1. As shown later, this link be
comes congested. The other users are transmitting short 
signalling messages with an MSU length of 32 byte. User 
2 transmits over all signalling links except the congested 
link 1, the other users utilize all links equally distributed. 
With respect to the offered traffic, links 2 through 4 are 
not congested. In the following, the transient behaviour of 
the offered load of each User Part as well as the transient 
total link load are depicted versus the time. The overload 
situation occurs at time t = O. 

Figure 4 shows the offered load (in terms of MS Us per 
second) of some User Parts obtained by simulation when 
using the RSM for the MTP flow control. Due to the 
congested route set, all users are receiving CIs and, there
fore, they reduce their traffic. Although the bulk-data 
user (user 1) contributes mainly to the link congestion, 
the load reduction ofthis user is relatively small compared 
to the other users, which are transmitting short signal
ling messages. Especially for user 2 it does not make any 
sense to reduce the traffic, since it is not using the con
gested link 1. Figure 5 shows the corresponding results of 
the hybrid analysis, which are in principal agreement 
with the simulation results depicted in Figure 4. 

In the next two figures, the same scenario is depicted, 
but the suggested CLM is applied for the MTP flow con
trol. Figure 6 is based on the transient simulation, Figure 7 
on the analysis. 

In general, the CLM leads to an improvement com
pared with the RSM since the load reduction reflects the 
individual contribution of each user to the route set con
gestion much better. Especially user 2, which transmits 
only over the uncongested links of the route set, is not 
influenced any more. Hence, the eLM is closer to the 
original philosophy of the MTP flow control scheme. 

The transient behaviour of the total link load (in terms 
ofkbitls) derived from the analysis is illustrated in Fig-
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ure 8. With respect to the congestion control procedure, 
the total offered link load for the congested link (link 1) is 
reduced to about 55 kbitls (p = 0.85), almost independent 
of the MTP flow control method that is used. In contrast, 
the total load of all other links depends significantly on 
the flow control method. In Figure 8, link 2 represents one 
of these links. Due to an initial load of about 32 kbitls 
(p = 0.5), however, it would not be necessary at all to 
reduce the load of these links. A comparison of both 
methods reveals that the CLM is much closer to the 
desired behaviour. 

In order to illustrate the influences of the message 
length on the congestion control procedure in scenario 2, 
a congested route set consisting of L = 2 links and U = 10 
users is considered. All users are transmitting equally 
distributed over both links and with the same traffic load 
(in kbitls, including level 2 overhead). The only difference 
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is that users 1 through 5 are using short messages (MSU 
length B = 32 byte) • whereas users 6 through 10 are using 
long messages (MSU length B = 256 byte). In this sce
nario, overload is caused by all users on all links, so the 
CLM and the RSM lead to identical Cl rates. Since the Cl 
rates and, therefore, the load reduction depends mainly 
on the MSU rates, the users transmitting short messages 
are forced to reduce their traffic much more than the 
others. The results are illustrated in Figures 9 and 10. 

Finally, the influences of the number of User Parts is 
investigated in scenario 3. Assuming L = 2 links and 
either U = 10 or U = 100 users that produce the same total 
original load, respectively, the performance of the conges
tion control scheme differs significantly. In both cases, a 
mean MSU length of B = 32 byte is used, and both links 
are equally loaded. In case of 10 User Parts, the load 
reduction takes le~s time, and the steady-state total link 
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load is lower than in case of 100 Users Parts. Figure 11 
shows the corresponding simulation results. The influ
ence of the deterministic timer value T 30 on the way how 
the traffic load is increased can be clearly recognized. 

The main advantage of the described hybrid analysis 
technique lies in its CPU time requirements. On a 
DEC MicroVax 3600, a simulation run comprising 200 
elementary tests takes about 24 hours of CPU time. In 
contrast, the results ofthe corresponding hybrid analysis 
are available after 30 seconds of CPU time. 

5 Conclusion and Outlook 

In this paper, we have analysed the transient behaviour 
of the MTP flow control mechanism together with the 
User Part congestion control procedures. Two different 
signalling traffic flow control procedures have been com-
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Figure 11: Total link load, scenario 3 (simulation) 

pared. The investigations were based on transient simu
lations as well as on a hybrid analysis technique. A 
comparison of both approaches reveals that the hybrid 
analysis leads to sufficiently reliable results. The con
gested-link-method (CLM) yields a significant improve
ment in case of asymmetric load distributions, which may 
be caused, e.g., by file transfer applications. Additionally, 
the impact of parameters such as the MSU length and the 
number of User Parts on the congestion control mecha
nism has been outlined. 

Further studies are required to determine the influ
ences of the User Part congestion control parameters, 
such as the number ofload reduction steps, the reduction 
step width, the timer values, etc., on the congestion 
control behaviour. Investigations on complex signalling 
networks as well as the extensions described in Section 3 
are currently under study. 
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