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ABSTRACT 

This paper discusses modeling of an integrated 
switch which provides a circuit switching function to 
one source of traffic and a packet switching function 
to another. 

A "busy period" approach is proposed, which recog
nizes that voice traffic during the peak period of 
a busy hour tends to "overflow" to voice channels 
supposedly usable for packet switching. The over
utilization of average spare voice capacity during 
peak periods has the potential to cause excessive 
packet delays in a short period of time, even though 
the overall average delay in the hour may not appear 
to be unreasonable. Therefore, in the busy period 
method, estimation of packet delay is based on a 
more conservative approach, which accounts for the 
reduced availability of spare voice channels in the 
busy period. 

1. INTRODUCTION 

In recent years, the rapid growth of data communica.
tion needs has fostered a widespread interest in the 
communications industry to meet the challenge of 
designing an efficient and economic switching system 
satisfying future requirements of voice and data com
munications. The widespread application of digit 
technology to voice communications has strongly in
dicated that the integrated switching of voice · and 
data traffic is the mode of operation for future 
switching systems. An integrated switch provides 
opportunities to share resources serving voice and 
data traffic, but also gives rise to problems never 
before encountered in the design and engineering of 
a switching system. 

In this paper, switching services are classified as cir
cuit switched, packet switched and hybrid switched 
service, where hybrid switching is defined as an in
tegrated switch providing circuit switching service to 

Session 1.1 ITC-10 

one source of calls and packet switching service to 
another. Briefly, circuit switching assumes that a 
circuit path is held during the entire period that a 
call is in session. While in the packet switched mode, 
a channel path is not dedicated for any given call; it 
takes in any packet arriving at the moment that it 
happens to be available. Therefore, packets from the 
same message could use several different time slots at 
various times. The service criterion for voice call is 
usually expressed in blocking probability, and that 
for data traffic is in the length of average delay. 

In hybrid switching, the applicability of the Erlang 
loss formula in blocking calculations for voice traffic 
is generally assumed. The controversy centers on 
the approach to estimating the average packet delay. 
Two existing models for estimating packet delay are 
investigated. The multi-server model is considered 
accurate, but inflexible for general application. The 
single-server model is simple to use; however, its ac
curacy in delay estimation was questioned [1]. A 
"busy period" approach, as proposed in this paper, is 
used to estimate the number of voice channels avail
able for packet switching during peak time intervals. 
This method gives a more conservative estimate on 
delay than the single-server approach. 

2. THE HYBRID SWITCH 

Circuit Switched Voice And Packet Switched Data 
Traffic. In the hybrid switching mode, a time divi
sion multiplexed frame is divided into two groups of 
time slots. One group handles synchronous traffic, 
which could comprise a number of time slots with 
fixed slot size for circuit switched voice and data 
traffic. The rest of the time slots in the frame handle 
asynchronous traffic which could be data calls with 
a time slot equal to a multiple of the basic voice 
slot size. The boundary between two types of traffic 
can be fixed or movable; the movable boundary is of 
general interest which allows unused circuit switch
ing time slots for packet switching. To simplify 
description here, voice traffic is always assumed to 
be circuit switched and data traffic to be packet 
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switched. To further simplify the model, time slots 
in a frame are evenly divided. The proposed method 
can be easily modifled to account for uneven division 
of time slots. The structure of the time slot multi
plexing frame described here is consistent with those 
in [1], [2]. 

The service criteria for hybrid systems are no 
different from those of circuit switching in that the 
grade of service is blocking probability for Toice 
traffic and average delay for data traffic . In order 
to guarantee the grade of service for voice calls, a 
hybrid switch normally provides priority service to 
voice traffic. That is, when a time slot is desig
nated for circuit switching, it will be used for packet 
switching only if there is no voice call waiting to be 
served. A voice call arriving during a time frame 
would have to wait until the beginning of the next 
frame to be served. Therefore, on the average, a 
voice call needs to wait one-half of a frame time 
before being served whenever the circuit switched 
time slots are not fully occupied by voice calls. In 
this arrangement, the blocking probability of voice 
traffic remains unchanged, even with the presence of 
data traffic on circuit switched channels. 

2.1 Probability of Blocking for Voice Traffic 

In a hybrid network, the blocking probability of cir
cuit switched voice traffic can normally be estimated 
based on the Erlang loss formula, whenever the ap
plication of loss models is appropriate. A concern 
was raised [2] that due to the "gating" problem - all 
call requests are not served until the beginning of a 
new frame period - the gating queue could become 
very long and cause calls to be lost if the length of 
frame is large. In general, the Erlang B formula is 
acceptable for practical applications. 

Although long gating queue is a legitimate concern 
in switching design, it imposes no critical constraints 
on a practical design for the following reasons: 

(1) For an efficient switching system, neither 
short frame nor long frame is a practical 
design, since the former generates too much 
overhead in the frame control bits, while the 
latter requires significant buffer capacity for 
call originations and would cause intolerable 
real time delays. 

(2) In a practical system, the buffer delay for a 
call origination is many times the length of a 
frame period. It is a function of the processor 
capacity. A gating delay is normally not 
a dominant factor in switching design and 
will not impact the service quality except in 
extreme conditions. 
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2.2 Packet Delay Estimations 

The estimation of packet delay in a flxed boundary 
time frame is straightforward. The available time 
slots for packet traffic are independent of the state 
in circuit switched time slots. Therefore, a standard 
M/M/I or M/D/1 (Poisson arrival/exponential or 
constant service time/one server) model is applicable 
given the channel size and packet traffic. In a frame 
with movable boundary, the number of time slots 
available for packet traffic is a function of calls in 
progress in the circuit switched time slots. At the 
beginning of each frame, packets are overflowed to 
voice slots if some of these time slots are not oc
cupied. In the next time frame, if new voice calls 
arrive, they will have priority over packet traffic, and 
seize time slots previously "borrowed" by packets. In 
this arrangement, the service to voice traffic will not 
be degraded. 

In the following subsections, the flrst two models use 
the same method to calculate the amount of spare 
capacity in circuit switched time slots for packet 
traffic . The proposed practical approach in the last 
subsection introduces a "busy period" concept in es
timating the spare capacity in voice slots. By doing 
so, it is hoped that the simple one-server approach 
can be maintained and its over-optimistic delay es
timation can be corrected. By the nature of this 
proposal, the delay estimation is bound to be more 
conservative than the single-server approach. 

2.2.1 A Multi-Server Model 

In this model, a frame period is divided into a num
ber of time slots. If S channels are available for 
voice traffic and N channels are for data traffic, 
an arrival voice call will seize a channel when busy 
voice time slots are less than S; otherwise, it will 
be blocked and lost. For data packets, arrivals are 
buffered and placed on the available channels at the 
beginning of each frame period on a first-come, flrst
served basis. A packet can use any voice channels 
not momentarily in use. If there are more waiting 
packets than idle channels, the unserved packets on 
the next frame are delayed. The same procedure is 
repeated for subsequent frame periods. The buffer 
is normally assumed to have infinite capacity; other
wise, packet flow control needs to be implemented 
to prevent buffer overflow. The service criterion to 
packets is the average of packet delay, not the num
ber of packets lost. If data packets are assumed to 
follow Poisson arrival and exponential service time, 
the model for data traffic can be formulated accord
ing to the Markov process. The probability of states 
can be expressed in a set of equations. However, 
there is no known solution in a closed form for this 
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type of queuing system, even if a lot of simplified 
assumptions are made. Although calculation proce
dures are available [1], they seem to be too complex 
for general applications, particularly if the system is 
of any practical size (e.g., 30 channels or higher) with 
limited buffer. 

2.2.2 A One-Server Model 

In the one-server model, a frame period is treated like 
a server to data traffic. Arrival packets are buffered 
and transmitted on a periodic basis. During the por
tion of data time slots in a frame, the server is in the 
"on" state for the packets. In the portion of circuit 
switched time slots, the server is in the "oir' state for 
incoming packets. The location of time slots for cir
cuit switching or packet switching in a frame, which 
depends on frame management, is inconsequential. 
Only the total portion of "on" state or "oft'" state is of 
concern. If the packet arrival process is Poisson and 
the service time is deterministic, the average length 
of packets in queue will be : 

and 

where 

P 
Lq = 2(6 _ p)' 

6 = N+ [8- S 1] 

N+8 

p = Packet channel utilization< 6 
6 = Fraction of channels available for packet 
N = No. of time slots in a frame for data packets 
8 = No. of time slots in a frame for voice trafffic 
81 = Carried load of voice traffic in erlangs 
[] = Truncated integer in brackets 

The average packet waiting time can be obtained by 
multiplying Lq by a packet service time. A similar 
but more detailed delay equation can be found in [3]. 

The one-server model is relatively simple compared 
with the multi-server approach. It also facilitates a 
basic tool for the analysis of other relevant issues, 
such as precedence and priority, and different hold
ing time distribution. However, as pra.ctical as this 
model may be, its average delay estimation of packet 
is rather optimistic due to the implied assumption of 
independence between the voice calls and data pack
ets in the mUltiplexing structure. 

2.2.3 A Practical Approach 

In a hybrid switch, a frame comprising a number of 
time slots is divided into two groups of time slots. 
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One group serves voice traffic in the circuit switched 
mode, i.e., a time slot is dedicated to a call once it 
is set up. The other group handles packets in the 
packet switched mode, wherein each packet is in
dividually served, independent of its origin. In other 
words, packets from a data call may use different 
time slots in different time frames. When these two 
groups of channel are separate, the channel require
ments to handle given voice and data traffic at sub
scribed grades of service should represent the upper 
limits. 

To better use the idle capacity of voice time slots, 
voice time slots not occupied at the beginning of 
each time frame are assigned to data packets. If 
new service requests from voice traffic arrive in the 
duration of this time frame, they are buffered and 
assigned a time slot in the next frame. To compete 
for the group of time slots (8) assigned for voice 
traffic, voice calls have priority over data calls. A 
voice call is blocked and lost when all S time slots 
are occupied by voice calls. The only degradation to 
voice traffic is to wait for, on the average, a half frame 
to have packets served and removed from among the 
S time slots. 

The arrangement for using voice time slots when they 
are not fully occupied is called movable boundary 
between voice and data time slots. With a movable 
boundary, the channel utilization of voice time slots 
can be increased. The possible improvement varies 
according to specific configurations, since it is a func
tion of data-to-voice slot size ratio and the break
down of voice and data traffic. The common assump
tion of independence between voice traffic and data 
traffic could be a source of error, since, according to 
a simulation study [1], the variations of voice and 
data traffic are highly correlated. Since voice calls 
are normally on the order of several minutes and 
packet durations are in fractions of a second, a peak
ing of voice traffic for several minutes could cause in
tolerable delay for packets even if, in absolute terms, 
the delay means only in tens of seconds. Therefore, 
the spare capacity of voice channels should not be 
fully utilized. The delay calculation of packets 
should be a function of probability states in the cir
cuit switched portion of channels. 

A procedure considering the busy period of circuit 
switched time slots is proposed as follows: 

(1) Estimate channel requirement for voice 
traffic: 

As discussed earlier, given Grade Of Service 
(GOS) requirement and offered traffic, the 
channel requirement of voice traffic can be 
estimated by the Erlang B (loss) formula. 
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If A1 is the offered traffic in erlangs, P is 
the GOS objective, the following relationship 
holds: . 

where E.(Ad is the Erlang B blocking prob
ability that meets the GOS requirement at 
channel size 8. 

(2) Estimate average voice channels usable by 
packets: 

The approach using the average channel oc
cupancy to calculate spare channel capacity 
in voice time slots was shown I1] to be under
estimating delays encountered by packets. 
Here, we propose a "busy period" concept to 
estimate usable voice time slots for packet 
switching. Under existing approaches, the 
average usable time slot in the voice region 
is: 

[8-81] 

which is the truncated integer value of the 
expression inside the brackets. 8 is the to
tal number of channels for voice traffic, 81 

is the carried voice traffic in erlangs, which 
is A 1(1 - Es(A1»' This method ignores the 
variation of busy circuits in the voice region 
of time slots. It is conceivable that in a busy 
period, which may represent a few minutes 
in a busy hour, the average of occupied voice 
channels is more than the value of 81, thus 
causing excessive packet delay if too much 
spare capacity of voice time slot is assumed. 

We can visualize that during the busy period 
A1 traffic is offered to a group of 81 chan
nels. Because of blocking, a portion of traffic 
A1 will seek accommodation outside of 81 

and still in the group 8 . 81 plus the mean 
average "overflow" will be the actual mean 
busy circuits for voice group in the busy 
period. Mathematically, the average spare 
capacity in voice time slot is given by 

where 82 = 81 + Al * E 61(A1), is the mean of 
the busy time slots in voice group during the 
busy period. 

In essence, the average delay calculation of 
data traffic in hybrid switching is changed 
from average busy hour (or some other hour 
depending on the definition of offered voice 
traffic) to average busy period. The latter is 
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shorter than one hour; its period depends on 
the statistical characteristics of the offered 
traffic. 

(3) Estimate Mean Delay of Data Traffic: 

Once the spare capacity of voice channels 
is determined, the delay calculation of data 
traffic can use a standard M/M/1 or other 
queuing model, depending on the service 
time distribution. The number of time slots 
available for packet switching would be: 

where N is the number of time slots (or chan
nel capacity) designated for packet switching 
only. After the available channel capacity 
for packet traffic is determined, the average 
packet delay can be estimated based on the 
formula in Section 2.2.2., where 6 should 
equal (N + [8 - 82])/(N + S). 

2.2.4 Illustrative Examples 

The following examples are used to compare the 
average spare voice capacity based on the one-server 
method and the approach proposed in this paper. 

EXAMPLE: A hybrid switch with 24 equal channels 
(time slots) is offered 5.88 erlangs (A1) of voice traffic. 
The grade of service is P .01. How many time slots in 
a time frame are usable for packet switching under 
the movable boundary strategy? 

(1) The One-Server Model 

(a) According to the Erlang B model, 12 
channels (8) are needed to handle 
5.88 erlangs (A1) at P .01. 

(b) Carried traffic 81 = 5.88 * (1 -
0.01) = 5.82 erlangs. 

(c) The average number of spare voice 
time slots available for packet 
switching is [8-81] = [12-5.82] = 
6. 

(2) The Recommended Approach 

(a) Based on the Erlang B, the same 
voice channel requirement (8 = 12) 
is obtained. 

(b) Again using Erlang B, the block
ing probability for A1 of 5.88 er
langs and channel size of 6 (= 81, 

rounded-up from 5.82) is 0.256. 

(c) The mean of busy time slots for 
the voice traffic at peak period is 
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&2 = 81 + A1 * E'1(A1) = 5.82 + 
5.88 * 0.256 = 7.33. 

(d) The average voice time slot available 
for packet traffic is [8 - 82] = [12-
7.33] = 4. 

(e) The number of time slots for es
timating packet delay is 24 - 12 + 
4 = 16. 

Similar calculations for different switch sizes and 
GOS's are summarized in the following table. 

Table 1 A Comparison of Spare Voice Time Slots 

GOS Al(erl) S [S -81] [S -82] 

0.01 5.88 12 6 4 
0.01 8.87 16 7 5 
0.01 15.29 24 8 6 

0.05 7.95 12 4 2 
0.05 11.54 16 5 2 
0.05 19.03 24 5 2 

0.10 9.47 12 3 1 
0.10 13.50 16 3 1 
0.10 21.78 24 4 0 

0.20 12.05 12 2 0 
0.20 16.82 16 2 0 
0.20 26.50 24 2 0 

When 82 is greater than 8, the value of [8 - 82] 

should equal zero. This means that some offered calls 
are lost due to all voice channels busy. 

Several significant points can be observed from the 
above table: 

(1) The difference between [8 - 81] and [8 - 82] 
is two or more in the practical GOS range, 
which represents the deviation of spare voice 
capacity by using the two types of approach. 

(2) Based on the one-server model, there is al
ways spare capacity in voice channels ([8 -
811 > 0); while the practical approach in
dicates no spare voice capacity for packets 
when blocking is over 10-20% level. 

At 20% blocking, the average loading of time slots 
within the channel group under consideration is 
about 90%, which definitely still has some spare 
capacity. It was implied in the procedure that at high 
traffic level, time slots in the voice channel group oc
casionally idle will not be counted in calculating the 
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capacity of packet switch. This discounts the rela
tively long waiting time required of packets in order 
to use voice slots at the high traffic level, since the 
service time of a voice call is much longer than a 
packet transmission time. Even a short wait (say, 
one-sixth of a voice call holding time) in relation to 
a voice call of three minutes is not acceptable for the 
packet delay. 

It is clear that the approach recommended in this 
paper is consistently more conservative in estimat
ing spare voice capacity than the one-server model. 
The significance of the margin is dependent upon the 
number of packet time slots - the smaller the size 
of packet switch, the more important the impact of 
spare voice capacity variation. 

2.2.5 Comments on Accuracy of The Procedure 

The "busy period" method proposed in this paper 
grew out of practical application engineering using 
Erlang B for voice and M/ M(orD)/1 model for data 
traffic and attempts to combine these two independ
ent models so that they could reflect the dependency 
of voice and data traffic in the hybrid switching en
vironment. 

Theoretically, there is no barrier in adjusting the 
"window" of data switch availability to reflect the 
spare capacity of voice channels for packet use. The 
concept of overflowing calls within a subgroup of 
voice channels can be extended to account for traffic 
variations by considering the "peakedness factor" of 
overflow traffic and, thus, adjusting the availability 
of spare voice channels according to the variation of 
voice traffic. It is conceivable that a heuristic method 
verified by a simulation study could emerge as a use
ful practical approach in hybrid switch engineering. 

The busy period method used here is a step in the 
right direction over [2] for practical applications; 
however, the modified M/D/1 model does not give 
an accurate estimation of packet delay when data 
traffic is extremely close to channel capacity since, 
at that level, the procedure suggests ignoring spare 
voice capacity ([8 -82] = 0) rather than risking high 
packet delays. From a practical point of view, this 
may not be a bad idea after all, since a real world 
channel rarely reaches 90 percent utilization, which 
is close to the cutoff point of the procedure. 

Let us consider the example with 10 voice channels, 
5 erlangs voice traffic, and 5 dedicated packet chan
nels (8 = 10, N = 5 and Al = 5 erlangs). The 
modified one-server method yields a 6 of 0.533, which 
corresponds to 8 channels for packets. Any packet 
arrival rate greater than 8 packets per time frame 
will not have a fixed queue length. If the packet ar-
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rival rate is 7.5 in a time frame (i.e.) p = 0.50), the 
average packets in the queue would be 7. According 
to a published simulation result (FigA of [5]), the 
average packets in the queue is approximately 3 ( ex
trapolated value) for the same configuration. When 
packet channel utilization (p) is extremely close to 
6, the allowed fraction of channels for packet, the 
estimation of queue length or packet delay seems to 
need some adjustments. 

Two points need be emphasized here to conclude the 
discussion: 

(1) This paper introduced a new approach in 
hybrid switching engineering, which is con
sidered logical and practical, but which still 
requires some fine tuning to enhance its ac
curacy in delay estimation. 

(2) This procedure grew out of practical en
gineering methods using Erlang B for voice 
and M j Dj1 model for data traffic. Fine 
points such as impact of holding time, which 
are not parameters in Erlang B model, can 
not be variables in this procedure. In short, 
this is a practical application of existing en
gineering techniques rather than a rigorous 
treatment ~f queuing theory. 

3. CONCLUSIONS 

The procedure presented here for integrated voice 
and data switch modeling with movable boundaries 
estimates the spare capacity of voice channels for 
packet use based on a busy period concept. It calcu
lates unused voice channel time slots only when the 
carried voice load reaches a certain level, thus reduc
ing the estimate of spare voice capacity averaged over 
the whole busy hour. The rationale is that in order 
to make use of the spare voice time slots, the packet 
delay in a busy period becomes intolerably long [1], 
due to the high ratio of service times between a voice 
call and a packet. 

The busy period approach, instead of averaging over 
the busy hour, estimates the spare voice capacity at 
a high utilization level, thus reducing the channel 
availability for packet traffic. The effect of this ad
justment is to prevent under-engineering the packet 
switch and under-estimating the average packet 
delay when the one-server model is used. In a sense, 
the approach is similar to that of extreme value en
gineering. 

The sensitivity analysis of the busy period method 
to the estimation of spare voice capacity in relation 

Session 1.1 

6 

ITC-10 

to the one-server model has been carried out here. 
It is highly desirable that the results be checked 
against an extensive simulation study to confirm 
the accuracy of the procedure at various application 
ranges. 
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Q.l (J. Augustus) 

The 'Busy Period' method recommending our paper to control 
the influence of circuit switched traffic on packet traffic 
in an integrated system is conservative. Are there potential 
solutions which are less conservative. 

A.l (F. Liu) 

The recommended approach could be less conservative if the 
off~red traffic has an extremely high variance to mean 
ratio. However, it may not have a practical impact, since 
the coefficient in the procedure is adjustable., 


