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We present a traffic engineering model that analyzes the performance of trunk groups equipped with Digital Circuit 
Multiplication Systems (DCMS) . DCMS is fast becoming a popular technology because of the economic benefits it 
provides. We show that if Voice Band Data (VBD) is a significant portion of the total traffic, trunk group blocking is 
dramatically higher than expected under traditional traffic models. We demonstrate the the two primary factors affecting 
the performance are the maximum number of VBD calls that the equipment permits and the level of VBD traffic. We also 
study the speech quality on DCMS trunk groups. Guidelines for engineering DCMS equipment and planning networks 
employing this technology are presented and some items for further study are identified. 

1. BACKGROUND AND INTRODUCTION 

Telecommunication networks today are experiencing dramatic 
growth in demand for both traditional services like voice 
telephony and new applications such as facsimile and ISDN 
based services. This increase in demand is straining network 
capacity. Technologies that allow maximum use of capacity 
are extremely important. This is especially true in situations 
where network costs are transmission driven such as 
international networks that connect geographically distant 
locations. 

One such technology that is becoming popular is Digital 
Circuit Multiplication Systems (DCMS). DCMS are being 
rapidly deployed in international bilateral networks. These 
systems achieve dramatic efficiencies by allowing network 
providers to load expensive bearer facilities upto four or five 
times their nominal capacity. 

However, DCMS deployment raises some important traffic 
engineering issues. The fundamental issue is that this 
technology treats speech traffic and Voice Band Data (VB D) 
traffic in different ways. The impact of this on network 
performance metrics like blocking and trunk utilization are not 
yet understood. Traditional traffic engineering models like the 
Erlang formula, Equivalent Random method, etc. are not 
adequate to either evaluate the impact of this technology on 
these metrics or to plan networks using DCMS. 

In this paper we present a traffic engineering model that 
addresses the DCMS problem. Specifically, the model can 
calculate blocking and utilization on trunk groups using DCMS 
technology. In addition, the model also calculates the 
Average Bits per Sample (ABS) for speech calls on such trunk 
groups. ABS is a critical transmission parameter that impacts 
the engineering of DCMS equipment. The rest of this paper is 
organized as follows. Section 2 briefly explains DCMS 
technology and identifies the fundamental traffic engineering 
problem. Section 3 summarizes a queueing model by 
Chandramohan[1] and explains how it can be customized for 
the DCMS problem. Section 4 gives numerical results and 
Section 5 presents conclusions and discusses future study 
topics. 

2. DCMS DESCRIPTION 

. DCMS is a compression technology that enables a given 
amount of traffic to be carried on significantly fewer bearer 
channels. Figure 1 is a simplified view of a typical DCMS 
configuration. 
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Figure 1. A Simplified View of a Typical DCME Configuration 

For speech Signals, the compression is achieved by a 
combination of two techniques. Digital Speech Interpolation 
(DSI) is used to remove silence intervals in the speech 
resulting in a compression of 2 to 2.5 to 1. Next the 
talkspurts, which are originally coded at 8 bits/sample (64 
Kb/s) are converted to 4 bits/sample (32 Kb/s). This Low Rate 
Encoding (LRE) results in a further 2 to 1 compression. The 
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LRE schemes are based on ADPCM. Thus, DSI and LRE in 
combination provide an overall compression of 4 or 5 to 1 t . 
VBD signals are handled differently. For VBD, it is not 
possible to use DSI. However, LRE is employed resulting in a 
compression of 2 to 1 t t . Thus, VBD traffic requires on the 
order of twice the capacity on the bearer in comparison to 
Voice traffic. 

Depending on the congestion in the bearer circuits, DCMSs 
can dynamically adjust the sampling rate of voice calls to less 
than 4 bits/sample. This Va'riable Rate Encoding is spread 
over all the active speech calls, thereby causing a uniform 
degradation of speech quality. The net effect is lower 
Average Bits per Sample (ABS) for the speech calls. Thus 
the DCMS relieves bearer congestion by sacrificing some 
speech quality. However, if the ABS drops below a specified 
threshold, the DCMS can send a Dynamic Load Control (DLC) 
signal to the switch which will cause the switch to stop 
sending further calls to the trunks going to the DCMS. Once 
the ABS recovers to a specified level, the DLC signal is turned 
off and calls are once more sent to the DCMS. 

Depending on the particular brand of equipment: the DLC 
control may also be triggered by another mechanism. If the 
number of active VBD calls exceed a specified limit, DLC may 
be activated. For a more comprehensive discussion on 
DCMS, see Dvorak and Rosenberge~2). CCITT 
Recommendation P.84(3) is a further source for information. 

The key notion here is that a trunk group may block calls even 
if not all incoming circuits are occupied. For example, 
consider the case where if 120 trunks are compressed onto 
30 bearer channels. Also assume that the equipment is 
configured to send DLC on if more than 57 VBD calls are 
present. Now, if 57 VBD calls are active, all 120 trunks will be 
disabled. That is, the remaining 63 trunks cannot carry any 
more calls even if they are not busy. 

Clearly the blocking performance and throughput of the trunk 
group will be negatively affected. Since traditional traffic 
models assume that blocking occurs only when all circuits are 
busy, they are unsuitable to predict the effect of DLC on 
blocking and throughput. 

In the next section we summarize a recent queueing model 
model by Chandramohan[l). and describe how it can be 
customized easily to solve the DCMS problem. 

3. ANAL YTICAL MODEL 

3.1 The Extended Bandwidth Reservation Model 

In Chandramohan[l) , a queueing model called Extended 
Bandwidth Reservation (EXBR) is presented that can evaluate 
a wide class of admission control policies. In the EXBR 
model, two traffic streams compete for a common pool of c 
channels. A call from stream i requires the simultaneous use 
of b; channels. Stream i calls are assumed to have an 
exponentially distributed holding time with mean 1/1l1' The 
traffic streams are two-state Markov Modulated Poisson 
Processes. In particular this includes Polsson and peaked 
streams. 

Now, if a call from stream i arrives and finds k and I calls in 
progress of types 1 and 2 respectively, then this call will be 

accepted with a probability g;(k, I). The EXBR model 
determines the stationary joint probability distribution of the 
number of calls in progress of types 1 and 2. From this 
distribution, we can compute the blocking performance for 
each stream and the throughput of the link. Higher moments 
may be calculated as needed. 

3.2 Customization of EXBR for DLC controls 

We now describe how the DLC functionality of the DCMS can 
be captured within the EXBR framework. Let the two streams 
represent voice and VBD traffic. Without loss of generality, 
we may assume that type 1 are voice calls and type 2 are 
VBD calls. c is the number of input channels and bF1, i=1,2. 
Let M be the maximum number of active VBD calls that can 
be permitted. Let f (k, I, s, m) be a function that specifies the 
ABS when k and I voice and VBD respectively are in progress. 
s is the speech activity factor and m is the number of clear 
channels (see footnote on page 2) provisioned through the 
DCMS. Finally, let w be the minimum acceptable value of the 
ABS. The DLC functionality of the DCMS becomes a special 
case of the EXBR control by specifying g;(k,l) , for i=1,2, as 
follows. 

g,(k, I) = 1:1 : ::k~S,m) < w 

otherwise 

(1 ) 

The number M and the function f (k, I, s, m) depends on the 
capabilities of the particular equipment. For one popular 
brand of DCMS, the following assumptions are valid. 

• M=57. The terminal operator may set a lower 
threshold. 

• On a 2.048 Mbitls bearer, thirty one 8 bit time slots are 
available for information. 

• All VBD calls are coded at 4 bits per sample. 

Under these assumptions, we have, for k=O, 

f (k,l.s,m) = 4 

and for k > 0, 

f (k,l, s, m) = min[4, f 1(k,l,s,m)) 

where, 

f1 (k, I, s, m) = {(0.97x(24B-4/-8m))/(kxs)} 

(2a) 

(2b) 

The first part of the above equation is a boundary condition 
reflecting the fact that if no voice calls are active, the ABS 
triggered DLC is irrelevant. The second part of the formula 
needs some explanation. The number 248 is simply 8x31 , the 
total number of bits available for information. 41 is the number 
of bits used by VBD calls. 8m is the number of bits dedicated 
to clear channels. Thus, (248-4/-8m) is the number of bits 
available for speech. The constant 0.97 reflects the bearer 
utilization efficiency of the equipment. If the result of the 
calculation 

(0 .97x(248-4/-8m))/(kxs) 

is greater than 4, then there is sufficient capacity on the 

t It should be noted that OCMS can be provisioned to allow a specified number of ' clear' channels, This means that 
calls appearing on a specified set of input trunks are passed through without OSI or compression, This capability is 
used to support applications that cannot tolerate such processing. 

tt Some brands of OCMS use two sampling rates for VBO depending on the modem speed used. VBO calls from 
modems operating at speeds of above 4800 buad are coded at 5 bits per sample, while class from modems operating 
at lower speeds are coded at 4 bits per sample. This type of equipment is not considered in th is paper. 



bearer to encode all speech calls at 4 bit per sample. Since 
this is the maximum, the ABS in this case is 4. 

Equations (1) and (2) together completely specify the OLC 
controls. The EXBR model now can calculate the joint 
probability distribution, p(k,/), of the number of voice and VBO 
calls. 

In order to calculate the blocking performance of each stream, 
it is necessary to calculate the joint distribution of the number 
of voice and VBO calls as seen by an arrival of each type of 
stream, defined as pi(k,/), i=1,2 We refer the reader to 
Chandramohan[l) for these details. For the important case 
where both streams are Poisson, it is well known[4) that, 

Pl (k,/) = P2(k,/) = p(k,/) 

Given pi(k,/), i=1,2 it is then a trivial computational exercise to 
calculate the blocking for the voice and VBO traffic streams, 
defined as Bi, i=1,2. 

Bi= 'L'L(1-gi(k,/))Pi(k,l). (3) 
k 1 

The average channel throughput, i.e. the mean number of 
busy input channels, T, is given by, 

T='L'L(k+/)p(k,/). (4) 
k 1 

Another important performance metric is the Average Speech 
Quality (ASQ) experienced on the trunk group. We define 
ASQ as the steady state Average Bits per Sample for speech 
calls. Let Nl and N2 be random variables representing the 
number of voice and VBO calls in progress. Then, 

ASQ= E[f(N1 ,N2,s,m) I Nl > 0] (5) 

c c-k 
'L 'L f (k,I,s,m)p(k,/) 
k=l/=O 

I-c 
(1-'Lp(O,/)) 

1=0 

This completes the analytical model of the OCMS. In the next 
section we present some numerical results and interesting 
insights. We also discuss the impact of these results on traffic 
network planning. 

4. NUMERICAL RESUL TS 

We examine a traffic situation as follows. Assume that a 
OCMS is to be operated at a 4 to 1 nominal compression. 
That is, there are 120 incoming trunks. Under traditional 
traffic engineering principles, if this group were to be 
engineered for a 1 % blocking, 103 erlangs of random traffic 
can be supported. Voice and VBO calls are assumed to have 
exponentially distributed holding times with averages of 300 
and 100 seconds respectively. 

Keeping this scenario fixed, we study the impact of the 
following parameters on blocking and ASQ as a function of 
the proportion of the total traffic that is VBO. 

• Maximum allowable number of VBO calls, M 

• ABS threshold for OLC activation, w 

• Speech activity factor, s. 
A realistic range of parameters for w is 3.3 to 3.7 and for S is 
0.35 to 0.4. Now, it is clear that for a fixed M, the worst 
possible combination, for blocking performance, of these two 
parameters is (3.7,0.4) and the best is (3.3,0.35). For this 
example we set the number of clear channels (see footnote 
on page 2) to O. 

Figure 2 shows a curve of the blocking as a function of O/OVBD 
when M=37. 
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Figure 2. Blocking Performance as a function of % VBD 

Observe that the blocking is independent of the combination 
of (w,s). This is because M=37 is a very low threshold. OLC 
is thus invoked before too much traffic is allowed on the 
bearer. The net effect is that ABS stays above 3.7 and thus 
the value of S and the exact setting of the ABS triggered OLC, 
w, is irrelevant. Figure 3 shows the ASQ as a function of 
%VBO. 
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Figure 3. ASQ Performance as a function of % VBD 

For M=37, the ASQ is constant at 4. Thus the conclusion we 
can draw is that the lower the value of M, the more irrelevant S 

and w become. 

The more interesting information from Figure 2 is the dramatic 
impact that the fraction of VBO traffic has on the blocking. 
Upto 25% VBO, blocking is 1%, which is what would be 
expected from traditional traffic engineering methods. At 50% 
VBD, however, the blocking rises to 32% and at 80% VBO, 
blocking is is 56%. Thus the low value of M causes intense 
OLC activity at high VBO fractions and blocking rises 
precipitously. 

Now, in order to improve the blocking performance, the value 
of M can be raised. In Figure 2 we show the blocking 
performance at M=57 for the two extreme cases of (w, s). 
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Compared to the lower threshold, the performance is much 
improved. An interesting observation is that either 
combination of (w,s) gives identical blocking performance at 
both low and high levels of VBO. This is because at low VBO, 
the bearer has sufficient capacity to carry the traffic at a high 
ABS at thus the w setting and the value of s is irrelevant. 
Moreover, the number of VBO calls never reaches 57, so OlC 
because of this limitation is never invoked. These two factors 
cause trunk group to behave as if the OCMS was not present. 
Thus blocking is 1%, the traditional engineered value. 

At very high levels of vao, the limitation on M forces frequent 
OlC activity resulting in very high blocking. Now, since the 
voice component of the traffic is low and a very high portion of 
them are blocked, the voice calls that do get on the bearer 
receive very favorable ABS treatment, making the w threshold 
irrelevant again. Thus, we can draw the conclusion that for 
fixed M, the combination (w,s) is not significant at both very 
low and very high levels of VBD. Blocking is primarily affected 
by M and the level of VBD. 

The impact of (w,s) is seen at intermediate levels of VBO. 
The maximum difference appears to be at 50% VBO. With 
(w,s) = (3.7,0.4) blocking is 17.3% and at (3.3,0.35) it is 
13.3%. While this is not insignificant, the more dramatic 
impact is still caused by the value of M. For M=37, and at 
50% VBO, blocking is 32%. 

We now discuss, the ASQ performance of the OCMS (Figure 
3) . For ASQ, the worst possible combination of (w,s) is 
(3.3,0.4) and the best is (3.7,0.35). As we saw earlier, for 
M=37, the ASQ is unaffected by this combination for the 
same reason that blocking is not impacted. For M=57, 
however, the situation is not as straightforward. Even here, at 
low VBO levels, for reasons seen earfier, the ASQ is near the 
maximum value of 4. As VBO levels increase, however, we 
see some differences depending on the combination of (w,s). 
For the worst case, the lowest value of ASQ is 3.65 and in the 
best case, this minimum is 3.87. Both minima occur at about 
70% VBO. Interestingly, above 70% VBO, the ASQ starts 
improving and reaches the theoretical maximum of 4 at about 
90% VBD. This is because low levels of VBO do not exert 
much pressure on bearer capacity, leaving enough room for 
speech to be encoded at 4 bit/sample. As VBO increase, this 
pressure mounts and ASQ drops. After a certain level, 
though, so much traffic is being blocked, that the speech calls 
that do get through can get better treatment and the ASQ 
starts improving. 

4. 1 Impact on Traffic Network Planning 

It is clear that one of the key performance metrics, blocking, is 
dramatically impacted by the deployment of OCMS technology 
if VBO traffic is a significant fraction of the traffic on networks 
employing such technology. However, VBO traffic, especially 
facsimile, is experiencing tremendous growth. Traditional 
traffic forecasting methods, however, do not differentiate 
between voice and VBO traffic. This was not necessary since 
network technologies treated them identically as far as 
blocking behavior was concerned. 

This situation has now changed. It is therefore imperative that 
traffic forecasters begin to develop models that separately 
forecast voice and VBO traffic. 

5. CONCLUSIONS 

5.1 Summary 

We have presented a comprehensive traffic engineering 
model for studying trunk groups equipped with OCMS. Our 
major conclusions are as follows. 

• OCMS equipped trunk groups may experience dramatic 
blocking even under conditions traditionally considered 
as "engineered". 

• The two most significant factors influencing blocking 
are the level of Voice Band Oata and the maximum 
number, M, of VBO calls allowed by the equipment. 

• The speech activity factor and the ABS threshold for 
OlC are increasingly relevant as M increases. 
However, they are not relevant at very low and very 
high VBO levels. Finally, in all situations, the dominant 
factor for blocking is the value of M itself. 

• For long term planning, VBO traffic must be forecasted 
separately. The value of M should be an output of the 
planning process. However, the value of w may be 
considered a given parameter. 

• The value of w can be tuned as a short term action to 
alleviate network blocking. 

5.2 Future Worlc 

5.2.1 Asymmetric DLC Capability In many international 
networks, it is conceivable that only one of the two switches at 
the ends of the connection is capable of responding to a OlC 
signal. The impact of this on blocking and ASQ needs to be 
examined. Our EXBR framework can be easily modified to 
accommodate this situation. This is a matter under current 
study. 

5.2.2 DCMS Systems Employing Variable Rate Encoding for 
VBD As mentioned in the footnote on page 2, some OCMS 
systems employ 5 or 4 bits per sample for VBO depending on 
the modem speed. Our model does not consider this 
capability. This is an item for future work. 

5.2.3 Planning Tools Capacity planning tools must be 
equipped to evaluate network performance under a OCMS 
environment. For long term planning, the problem is to 
determine the number of trunks and the value of M that meet 
requirements on blocking and ASQ. For short term planning, 
the problem may be broadened to allow the short term 
deterioration of ASQ if blocking seems to be unacceptable. 
Both models must be computationally efficient to allow 
incorporation in Operations Support Systems. This is an item 
for future work. 
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