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Abstract. Digital cellular mobile radio communications techniques is an area of wide public acceptlance.
This paper looks onto the performance of packet reservation muliiple access (PRMA) pratocol for the
transmission of digilal speech packets from mobile speech sources. Packets from active speech sources
contend for access to a channel time slot. Computer simulations were done to study the performance of
the protocol and to determine the capacity of channels having different bandwidth and frame size.

1. Introduction

Mobile radio telephone is a device which provides the user with the features of an
ordinary telephone, connected to the telephone network, except that it does not
have wires and can be used anywhere. Low power digital radio telephony could be
an alternative for providing access to land-based public telephone networks due to its
widespread portability. There is continuous effort throughout Europe, USA and
Jupan to develop different types of radio communication systems both for voice and
data communications [1,2].

The most familiar means of wireless access to fixed networks is the cellular sys-
tem of communication. In this system, transmissions are confined to small areas
refcrred to as cells. The geographical area is divided into a large number of small cells
and the user at any cell can initiate calls. He can move from one cell to another while
speaking without any interruption of the call. Call set up and hand off are generally
performed by a mobile telephone switching office (MTSQ).

The high capacity of a cellular system is due to the fact that any wireless channel
can be used simultaneously at different cells. The usc of smaller cells provides the
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_opportunity ta reuse the frequency spectrum more often and hence increase the traf-
fic density and spectrum efficiency.

First generation cellular radio transmission technology using analog devices
have severe limitations due to lack of flexibility and vulnerability to interference.
This happens due to poor network control systems, as the control signals are trans-
mitted in the same channel. The second generation systems employing digital trans-
mission techniques have dedicated channels for the exchange of network control
information between the mobile and the base station. Several such wireless access
systems arc now in use [3,4].

It is expected that the future cellular radio communication systems shall be able
to carry many types of information and be able to serve a very high user population.
Voice-band data can be transmitted over cellular mobile systems and an integration
of data and voice in digital radio access technology would be more appropriate and
have similar trends such as ISDNs and B- ISDNs.

This paper has been organized as below. Section 2 describes about the operation
of a cellular system. The frequency reuse mechanism is described in section 3. The
packet reservation multiple access protocol (PRMA) is introduced in section 4. The
performance of the protocol is explained in scetion 5, while the simulation is pre-
scnted in section 6. Section 7 concludes the paper.

2. Operation of Cellular System

When a user in a cellular mobile unit activates the receiver of the mobile unit,
the recciver senses a number of set up channels to select the strongest channel and
locks on for a certain time. Since each site is assigned a different set up channel, lock-
ing anto the strongest set up channel usually means selecting the nearest cellsite. The
user then places the called number into an originating register in the mobile unit and
presses the "send’ button. The cell site receives (base station) it, and selects the best
antenna for the voice channel to use. The MTSO is called by the cell sitc and an
appropriate voice channel is sclected for the call. The MTSO also connects the wire-
line party through the telephone zone office. Conversely when a land-line dials a
mobile unit number, the telephone zone office recognizes that the number as mobile
and forwards the call o the MTSO. The MTSQO scnds a paging message to certain cell
sites based on the mobile unit number and the search algorithm. Each cell site trans-
mits the page on its own set up channel. The mobile unit recognizes ils own identifi-
cation on a strong set up channel, locks onto it, and responds to the basc station. The
mobile unit also follows the instructions from the cell site to tune to the assigned
voice channel.

During the call, both parties are on a voice channel. When the mobile unit moves out
of the cell boundary the reception becomes weak. The present cell site requests a
hand off and the system switches the call to the new frequency channel in a new ccll
site without interrupting the call. The call continues as long as the user is talking. The
user docs not notice the hand off occurrences. When the mobile user turns off the
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trunsmitter, a particular signal transmits to the cell site and both sides free the voice

channel. The mobile unit resumes monitoring pages through the strongest set up
channel.

3. The Frequency Reuse Scheme

The efficient spectrum utilization in ¢ellular mobile radio system depends on the
efficient frequency rense mechanism and (he reduction of co-channel intcricrence.
Since the limitation in the system is the frequency resource, the challenge is to serve
the largest number of customers with an acceptable performance quality. In a cellu-
lar radio system the same frequency is used repeatedly in a geographic arca. There
are many co-channel cells in the system. The total frequency spectrum allocation is
divided into K frequency reuse patterns as illustrated in Fig. 1 for K = 4 and 7 [5].

a=DM=46
K=1?

Fig. L. Frequency reuse patterns in u cellular system for K = 4 and K — 7.

The minimums distance which allows the same frequency to be reused depends
on many factors, such as the number of co-channel cells in the vicinity of the center
cell, antenna height, transmitted power etc...

The frequency reuse distance D can be determined from [5] as
D-vK R,
where K is size of the frequency reuse pattern and R is the cell radius (Fig, 1).
Thus D=346R,forK=4andD =4.6RforK=7.
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Theoretically a large K is desired. When K is too large, the number of channels
assigned to each of the K cells becomes small, thus decreasing the spectrum reuse
efticiency. The selection of a smaller K, keeping the system performance require-
ments, involves estimating co-channel interference and selecting minimum fre-
quency reuse distance ) to reduce the interference. For a system with shift paramet-
ersiandj [6], K can be written as

K=i+ij +j(Fig. 1), fori=landj=2,K="7.

The maximum number of frequency channels per cell, N, is related to the aver-
age calling time in the system. If Q, be the maximum number of calls per hour per cell
with T as the average holding time in minutes then the offered load A is given hy

A = Q, T/ 60 Erlangs. (1)

For a blocking probability B, the number of channels N can be obtained from
tables for Erlang B loss system [6]. For example if we let Q; = 1000 calls’/hour, T =
3 minutes, and B (the blocking prob.) as 2%, then from equation (1), the offered
load A = 50 Erlangs. The entry in the Table [6] for A = 50Erand B = 2 % is N =
60. For a seven-cell reuse system (K = 7) the total number of channels is N = 50 x
7 = 350 radios. The total number of subscribers per celt, M, is related to the percen-

. tage of car phones used in busy hour and the number of calls per hour.

’ In cuse the same frequency band is used many times, the capacity of the cellular
systcm riscs manifolds. The following example makes the point clear. Le( us consider
the city of Riyadh, Saudi Arabia, with an approximate area of 1600 Km?, If the city
is divided into cells of radius 2 Km each, the total number of cells become 127 (ap-
prox.). If the frequency reuse pattern K is taken as 7, the same frequency band can
be used 127/7 = 18 times. If a total BW of 10 MHz is available for thc mobilc radio
transmission and if each voice channel occupies a frequency band of 25 KHz then the
total number of channels accommodated is 400. These 400 channels can be distri-
buted into 7 cclls and be rcused 18 times in the ccllular systcem. Thus there is an 18
fold increase in the total number of channels that can be used simultaneously i.e.
7200 channels. If the cellular system is not used the capacity remains equal to the
number of channels available from the BW allecated i.e. 400. For a blocking proba-
bility of 2% these 400 channels can carry a tratfic of 389.9 Erlangs {6]. This leads to
a Q = 11577 calls/hour.

Ii this system is replaced by the cellular system as described above, the capacity
increases to O = 11577 x 18 = 208,386 calls/hour in total. If we take a reduction fac-
tor of 0.7 due to the vacant areas inside the city, the traffic capacity still remains very
highi.e. Q = 146,000 cails/hour. In terms of the amount of traffic carried it becomes
(from equation 1.) 4866 Erlangs. This is at lcast 12 times higher than the system
where cellular system is not used. The above study shows that a properly designed
cellular system can easily meet the demands of mobile telephone systems, in a large
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city like Riyadh, without causing any traffic congestion.

' In a telephone conversation a speaker is active about 43% of the period of a call
while the rest of the time the speaker remains silent [7]. In a completely analog envi-
ronment the capacity of a channel can be doubled if the channel is assigned to
another spcaker in the silent period. The TASI (Talk Assignment Speech Interpola-
tion) system [8] is utilizing this technique to increase the system capacity by assigning
the channel at silent period to another talker.

It is also possible to improve system capacity by utilizing the silent period of a
talker and assigning the channel to another talker currently in talk spurt, when a digi-
tal multiplexing of speech packets is done [8}. Several smart algorithms have been
proposed in mobile telephony to improve the system capacity by utilizing the abave
technique. Itis even possible to mix traffic of different typesi.e. voice and data traffic
to share the system capacity efficiently. In the next section we shall study the perfor-
mance of such a prolocol and see how it can be used to carry speech packets in a cel-
lular mobile system.

4. PRMA Protocol

Packct contention techniques such as ALOHA, CSMA/CD [9,10] find exten-
sive use in data communications. These techniques can serve a large number of ter-
minals without any central co-ordination. They have an excellent throughput-delay
performance at low (o medium load, while the delay rises sharply at high offered load
due to excessive packet collisions. PRMA is a random access technique closely
related to reservation ALOHA protocol [11] and is suitable for short range radio
channels.

The PRMA protocol [4] is organized around time frames with durations
matched to the periadic rate of voice packets. Time is divided into equal length
frames and each frame can accommodatc a group of time slots. A voice terminal can
Teserve a time slot at a frame and can reuse it at successive time frames as a TDMA
fashion. Once a time slot is reserved, a voice terminal transmits packets of equal
length at each frame during the talk spurt and releases the slot at the end of the talk
spurt. Speech activity detectors can be utilized to mark the start and end of a talk
spurt,

The use of PRMA in the mobile radio environment can be explained as follows.
Two different carriers are used to transmit the packet from base station to the mobile
and mobile to base. The up channel is used to transmit speech packets from mobile
to base using a slot in a frame. The down channel is uscd to transmit information and
data frames from base to mobile which can also include acknowledgement packets.
A one bit slot reservation field informs that a particular slot is reserved. When a talk
spurt begins, the mobiles contend for an available slot. Onee a stot has been acquired
i.e. a packet has been successfully transmitted, the slot in successive frames is
reserved and there are no subsequent collisions for that particular slot from other
mobiles. At the end of the talk spurt the mobile releases the reserved slot by declar-
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ing the slot empty. At the end of each slot the base station broadcasts the feedback
information that reports the rcsult of the transmission. When two or more mobiles
contend for the same time slot, the base station is unable to detect any packet from
them. Allcolliding mobiles must retransmit in this case. An unsuccessful mobile con-
tinues to retransmit in subsequent slots with a permission probability, p, (p < 1) until
the hase station acknowledges the successtul reception of the packet. The permission
probability, p, is the probability of transmission of a packet from a mobile in the next
available slot and is kept same for all mobiles [2].

5. PRMA Performance

As PRMA is a multiple access protocol closely relared to R-ALOHA, the study
of §. Lam [11] can be used directly for the performance study. In both the protocols
time is divided into equal length frames, each frame being divided into M slots. If a
particular slot m had a successful transmission by user X (say) in the previous frame,
then X is the exclusive user of the current slot. Those slots which are unreserved in
the last frame are available for contention in the current frame.

‘T'he channel utilization U for the case of single message users i.e. the Poisson
sourcs shuts itself off until all packets of the current message have been transmitted
is given by

U=NXRT /(M (1+ART)) )

where N is the number of users, A is the arrival rate, B is the mean number of packets
in a message, T is the frame duration in seconds and M is the number of slots in a
frame. Equation (2) above can be used for the calculation of the PRMA channel
throughput in case of voice traffic.

Let us consider the case of N voice sources generating alternate talk spurt and
silence intervals of expenential distributions. Each talk spurt is divided into speech
packets of fixed length and transmitted at equal intervals. If 1/a and 1/B be the
Iengths of mean talk spurt and mean silence intervals respectively, then the mean
interarrival time 1/ of the messages can be considered as 1/« + 1/8. This assumption
is justified, as the expectation of the sum of two independent random variables is the
sum of their expectations [12].

With N = no. of simultaneous talkers, & the arrival rate, T the frame duration,
h mean number of speech packets per talk spurt and M number of stots per frame
equation (2) can be used for the calculation of voice throughput for the PRMA chan-
nel. For exampile, if we take N = 22, M = 8slots, T = 15 ms from, A = 1/3 messages/
sec and fi = 89 packets/message (1/aT) then from equation (2) The throughput U
becomes 0.84 packets/slot. Here the message interarrival time 1/A is taken as 1/ +
1/f = 1.34 + 1.66 = 3 seconds [7].

The average delay d is givenin |11] by

a=aa+(H—1) T (3}
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where d, is the mean access delay for the first packet to transmit. The calculation of
d, depends on several factors such as the waiting time of a packet after arrival until
the beginning of the next slot, the delay due to retransmission, the packet transmis-
sion time and the propagation delay. In Lam [11] this delay d, is given by

do={t+{1-q)/ )70 -0) “)

where p =0.20r0.1, g = e and S is the slotted ALOHA throughput. Equation (3)
can be modified for voice traffic and can be writtcn as d = d, (same as equation 4),
This is because once the siot is reserved by successfully transmitting the first packet
ina talk spurt, the rest of the packets are transmitted periodically after the packetiza-
tion delay, which is set as T ms, the frame duration. Thus cquation (4) can be used
to calculate the mean delay for voice packets in the PRMA protocol.

For the singlc message user case the slotted ALOHA throughput § is obtained
from [11] as below.

s={2r(N-MUN /({1 - U M) (5)

With U = 0.84 packets/slot, A = 1/3 messages/sec, T = 15 ms, N = 22 callers and M
= Bslots, equation {5} gives § = 0.0597 which in turn provides g = -5 = 0,935, Thus
for p = 0.5, g = 0.935 and U = 0.84, the mean delay d, becomes 7.119 slot times.

As the loss of a smail percentage of speech packets does not degrade the guality
of speech noticeably, we are interested in looking at the system performance with
cettain percentage of packets lost. Later on in our simulation study, we shall count
packets which are waiting for a period more than the speech packetization time, as
lost packets and remove them from the queue. This arrangement will limit the
maximum packet access delay to the packetization time i.c. the trame duration. This
means that the upper bound of d, will bc equal to T, the frame duration. Itis to be
noted that cquation {4) can only be used in a lossless system i.e. at low voice load.

Our main interest of performance study is now to determine the PRMA channel
capacity, in terms of number of simultancous conversations the system can accom-
modate at different bit rates of the multiplexed channel, keeping in mind that we
allow a small percentage of packets to be lost. This is to keep the delay within limit
and hence to maintain the real time behavior of speech,

6. Simulation of PRMA Protocol

We studied the performance of PRMA protocol in case of voice traffic. Voice
packets ure generated from speech sources having alternate talk and silence inter-
vals. The mean duration of talk spurt and silence intervals are taken as 1.34 sec and
1.66 sec respectively according to the measured distributions of P.T. Brady [7].
Voice packets are formed by collecting specch samples of duration 10, 15 and 30 ms.
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Header bits are added at each voice packet before transmission. The length of each

“frame is set as equal to the voice packetizing time. Each voice source contends for a
transmission with the first voice packet in to the medium. The permission probabil-
ity, p, for transmission in the next available slot is chosen as 0.5 in our simulation.
Once a slot is acquired successfully, that slot is reserved for successive voice packets
to be transmitted in each frame until the end of the talk spurt. At the end of the talk
spurt a silence interval is generated and the slot is releasqd for other users. A voice
sampling rate of 32 Kb/sec has been taken for our study.

As voice Is a real-time traffic, it cannot tolerate long delays that may occur in a
random access channel. Also, as the voice source generates packets at regular inter-
vals, a long delay with a particular packet can cause an accumulated delay for succes-
sive packets. To minimize the packet delay, we considered the mechanism of packet
dropping when packets are delayed mare than the frame time. Once an old packet is
dropped the source starts transmilting the newly generated packet until a slot is
reserved successfully or the packet is again dropped due to excessive delay. This
phenomenon occurs at the beginning of the talk spurt. Once a slot is reserved by a
voice source, the slot is exclusively used by that source only.

A simulation program, based on the technique of continuous time advance
mechanism, has been written for the study of performance of the PRMA protocol.
The program advances the time, as it scans each slot in a frame, and records the
activities within the slot. A simplified flow chart of the simulation model for the
PRMA protocol is given in Fig. 2. Inputs to the program are bit rate of the channel,
speech encading rate, speech packet length, frame size, number of conversations,
cell radius and the simulation time. During the simulation period each voice source
alternates from talk spurt to silence and vice versa. The simulation was run for a suf-
ficiently long period of time to include a large number of talk spurts and silence inter-
vals from each talker. For each run of the program, the number of conversations in
the systen was kept fixed while the variation of talk spurt and silence intervals were
considered. This arrangement is justified as the variation of talk spurt and silence
intervals is more frequent than the variation of number of calls in the systcm due to
calls entering and leaving the system [8].

The output is the percentage of packets lost when the number of conversations
isincreased at steps to see the effect of loading the network by voice traffic. The per-
formance of the PRMA protocol, with packet dropping due to excessive delays,
causes voice packet delays bounded to an upper limit. We kept the percent packet
loss below 1 % by not allowing new calls to initiate,

Voice carrying capacity of several digitally multiplexed channels were
evaluated. The bit rates selected were 320 Kb/sec, 640 Kb/sec, 1Mb/sec and 5 Mb/
sec. Different time frames were set and each frame was divided into a group of slots.
The results are siown graphically in Figs, 3-6. The Figures show that with the’
increase in frame size, the voice carrying capacity of the channels also increase.
Depending on the traffic intensity at each cell a specific multiplexed channel can be
used. A high bit rate channel will eventually accommodate a large number of conver-
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Fig. 2. A simplified flow chart of PRMA simulation model.
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sutions per cell. For example, a 320 Kb/sec channel has a capacity of 11 conversations
at a frame duration of 15 ms. A larger frame size can increase the capacity but at the
expense of alonger packetization time. If a frame of 30 ms is selected, the 320 Kbisee
channel can accommodate 13 conversations. For increased traffic conditions, chan-
nels of highcr capacities can be selected at appropriate frame sizes to accommodate
larger number of simultaneous conversations. It is to be noted that only one multip-
lexed channel per cell is used at a time with the appropriate frame size.

in Table 1 the maximum capacity of each multiplexed channel, in terms of the
number of simultaneous conversations the channel can hold, is shown with the
packet loss kept below 1%. For example a channel of 1 Mb/sce can hold up to 45
simultaneous conversations for a frame length of 30 ms.

Table 1. Capacity of PRMA protocol in No. of conversations for different but rates of the muliiplexed chan-
nel and frame sizes.

Frame size (ms) Slots/frame BW KB/sec Capacity in no. of conv.
15 & 320 11
30 9 320 13
10 17 640 26
15 18 640 28
30 19 640 30
10 25 1000 39
15 26 1000 41
30 28 1000 45
20 138 5000 201

To comparc with the traditional analog transmission system, let us consider a 1
Mb/sec digital channel. If the PRMA protocol is used, the channel can hold 45 simul-
taneous conversations for a frame size of 30 ms and having 28 slots per frame. In digi-
tal modulation a 1Mb/scc data rate can be supported by a frequency band of about
500 KHz if ASK or FSK modulation techniques are used [13]. This means an 11 KHz
band is needed on average for each voice channel, while in traditional analog systems
each voice channel occupies a 25 KHz band. Thus a two fold improvement of BW is
possible in cach ccll. By reusing the same frequency at other cells a further improve-
ment occurs. A cell supporting 45 simultancous calls means carrying a traffic of 36.5
Erlangs at a blocking probability of 2%. This gives a calling rate Q = 1368 callsthour/
cell at a call holding time of 2 minutes [6].

I we use the 7 cell reuse pattern then Q. = 1368*7 = 9576 callshour/7-cell pat-
tern. If repeated 18 times (as in the earlier example of the city of Riyadh) then the
total calling rate is Q = 172368. For 30% unutilized cells O becomes 120,000, which
uses a frequency band of 7 x 0.5 = 3.5 MHz. If we use a 10 MHz BW, the capacity
becomes Q = (10/3.5)*120,000 = 342 000 calls/hour. Previously we saw in section 3
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_that the frequency reuse pattern, without using the PRMA protocol, gives an overall
capacity of 146,000 calls/hour. 5o the capacity increascs by a factor of 2.34 when the
PRMA protocolis used. Ifnecessary an even wider band can be used to support more
traffic in each cell. For example, a SMb/sec multiplexed channel can held up te 200
conversations; supported by providing 138 slots/20 ms frame with a loss rate due to
packct dropping kept betow 1 %.

7. Conclusion

Cellular mobile radio telephony is a new and attractive area of current interest.
This paper provides a general idea of the cellular system with particolar emphasis on
the PRMA protocol for digital speech transmission. Qur study shows that PRMA is
a suitable candidate for the transmission of speech, as it increases the channel capac-
ity by allowing more than one terminal to share a channel. This is done by multiplex-
ing speech terminals in a TDMA fashion while keeping the implementation easier,
This protocol is also suitable for intcgrated services and further study is in progress
for the integration of voice and data with some priority of access mechanism for voice
traffic.
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