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Abstract. The wireless telecommunication industry is now slowly shifting the paradigm from circuit-switched
voice-alone network to an integrated packet switched architecture. This will facilitate variety of new multimedia
applications, in the same infrastructure, in a cost-efficient way. However, it is important to use the legacy 2.5G
access systems as much as possible, to make the transition smooth. The recent industry-wide trend for push-to-
talk services in GPRS networks is a direct consequence of this emerging packet-switch services. In this paper, we
propose such a packet-switched based architectural framework for efficient push-to-talk and data services in GPRS
using low-bit-rate coding. The prime novelty and advantage of the framework lies in proposing new intelligent,
advanced channel reservation techniques to reduce the voice packet delay. Subsequent use of packet-classification
and packet assembly scheme aids in reducing the overhead associated with the media packet transfer. Our proposed
framework results in more than 50% capacity gain over current GSM system using a silent detection mechanism.

1 Introduction

Rapid rise in wireless data services has already resulted in service migration from tra-
ditional circuit-switched telecommunication networks to packet-switched networks. This
will provide vast opportunities for new, cost-effective real-time services. Recent statistics
reveal that almost two-third of today’s mobile phones are of GSM (Global System for
Mobile communications) standards. In order to support the wireless Internet services new
GPRS (General Packet Radio Services) standards [5, 6], with data rates upto 128+ Kbps,
has been proposed. However, the benefit of packet switched based networks can not be
fully harnessed without successful integration of voice services under the same networks.
The recent offering of push-to-talk services in GPRS is first attempt to migrate voice
service to GPRS.

In this paper first we have proposed a packet-switched architecture based on the
subsystems proposed in UMTS specification by 3GPP [1]. These subsystems are designed
for voice and data services. It leverages the use of relevant, existing features of GPRS
architecture and proposes new, intelligent, advanced channel reservation schemes to ensure
voice packet QoS in push-to-talk services. In order to get an optimal trade-off between
voice packet delay and Internet protocol overhead, we have used packet classification,
low-bit-rate AMR (Adaptive Multi-Rate) coding and packet bundling mechanisms in the
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traffic-plane. Integration of these techniques together with the new intelligent PCU slot-
allocation strategy, based on advanced channel reservation can meet the stringent quality
of service requirements of voice packets.

The rest of the paper is organized as follows. The proposed architectural framework
for emerging, packet-switched, push-to-talk services over GPRS is described in Section 2.
Section 3 discusses the newly proposed advanced GPRS channel reservation techniques
for push-to-talk services. Subsequently we show the results of early channel reservation
strategy in Section 4. Results in Section 5 corroborates the analysis on packet delay and
blocking. Section 6 concludes the paper with pointers to future researches.

2 Architectural Framework
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Fig. 2. Voice Packet Transmission

The proposed packet-switched, architecture for integrated voice and data services op-
erates in two distinct planes: the control plane and the traffic plane. Figure 1 shows the
essential components of these two planes. The control plane will be built over the IP Multi-
media Subsystems (IMS) of the UMTS Release 5 architecture proposed by 3GPP [1]. The
architectural and performance details of the control plane is out of the scope of this paper.
We focus on the architectural components, intelligent algorithms, performance analysis
and results in the traffic plane.

Since we are considering integrated voice and data services, satisfying the QoS re-
quirements, like, maximum voice packet transmission delay and blocking are of prime
concern. ITU’s E.750 recommends an end-to-end voice packet transmission delay should
be kept within 300 msec [8]. One major challenge behind the development of an inte-
grated, packet-switched framework for wireless voice and data services is the conflicting
requirements of these two types of packets. While, the data packets are delay tolerant and
require low BER (Bit Error Rate), the real-time voice packets are very delay-sensitive and
can tolerate BER. We have introduced the concept of packet classification to separate the
voice and data packets. The data packets are carried over the RLP [6] layer using ARQ
(Automatic Repeat Request), and the real-time, higher priority, voice packets are trans-
mitted without any ARQ. For voice coding, we have chosen the fixed rate AMR (Adaptive
Multi-Rate) coding scheme [5, 6] for its high compression ratio and good voice quality.
However, this AMR voice-coding introduces large overhead because, the low coding rates
reduce the coded voice bits, but the associated header-size remains the same. In order
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Table 1. Overhead-Delay Trade-off for Frame Bundling

Frames/Bundle 1 2 3 4 5

Overhead(%) 400 200 150 120 95

Delay(msec) 20 40 60 95 110

to reduce this huge overhead, we have used the concept of packet bundling [3].We group
number of voice packets into a bundle to make the UDP payload. Unfortunately, bundling
results in additional delay. Table 1 shows the overhead penalty of voice coders: Adaptive
Multi-Rate Codes at 4.75 Kbps for different bundling number. Thus, a suitable trade-off
between delay and overhead needs to be specified for voice transmission. The connection
of a GPRS terminal includes network components like wireless terminals, channels, ac-
cess points, media gateways and de-jitter buffer. Considering the AMR coding with CS2
scheme [8] (inherent error correction mechanisms), and assuming average values of the
above-mentioned delay parameters as: 100 msec (including a 30 msec interleaving delay),
90 msec, 85 msec, 80msec, 100 msec, an estimation of total delay along these components
is ≈ 455 msec. Thus, even without considering Internet delay, this delay is much more
than 300 msec (ITU’s specifications). Although, it has been shown that Internet delay
varies between 100 msec to 1 sec [11], emerging high-speed technologies like MPLS pro-
vides efficient traffic-engineering to reduce this Internet delay to close to 20 msec, with
suitable buffer allocation and management. Thus, the potential areas of improvement now
lies in voice-coding, bundling and GPRS channel allocation strategies.

3 Early Channel Reservation

Figure 2 provides the messaging diagram for coding, bundling and GPRS slot-allocation
scheme during voice packet transmission. The GPRS channel module in the terminal
fragments the coded and bundled PDUs (Packet Data Units) into a number of frames
to transfer to BS (Base Station) using the GPRS-slots assigned by the TBF (Temporary
Buffer Flow) allocation process [6]. At certain instant, GPRS terminal has to send a
TBF-request to the BS by using the dynamic control channel as shown in Figure 2. The
major delay at this point arises from TBF response time, PCU queuing delay and delay in
packet transmission. While the queuing delay and packet transmission time are dependent
on the actual packet transfer mechanism, we propose a new advance channel reservation
(advance PCU request) to minimize the response delay. Intuitively, it is clear that the
mobile needs to be cognizant of the time T it should send the TBF request so that it
receives TBF-response as soon as the packets are ready for transmission, thereby reducing
the effective waiting time for TBF-response close to zero.

In order to be cognizant about the time T , the mobile needs to be aware of the
patterns associated with the voice-packets generated by the user. As the mobile is normally
dedicated to a person, we hypothesized that it is possible to learn the behavior of the
voice packet arrival process.From a symbolic domain, we assume the time-instances of
channel request generation is given by T1, T2, . . ., Tn. The history of this TBF request
generation is thus a string “T1, T2, . . . of symbols (time instances). We argue that the
current TBF request-generation time is merely a reflection of the history which can be
learned over time in an online fashion. Characterizing this TBF-request time instants as a
probabilistic sequence suggests that it can be formulated as a stochastic process T = {Ti},
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where the repetitive nature of identical patterns in the time instances adds stationarity
as an essential property, thereby leading into the following relation:

Pr[Ti = ti] = Pr[Ti+l = ti], (1)

for any shift l. A close look into this scenario reveals that the voice-packets generated
by the user’s speech actually creates an uncertainty of time T . The more random the
speech-pattern, the more uncertain is the time T . The objective of the mobile is to reduce
this uncertainty to make an exact guess (prediction) of this time T . According to our
knowledge the concept of entropy in information theory provides the most fair measure
for this uncertainty.

3.1 Uncertainty and Entropy

The traditional definition of entropy is given as: The entropy H(X) of a discrete random
variable X with probability mass function p(x) is given by:

H(X) = −∑
x

p(x) lg p(x) (2)

For any set of k discrete random variables {T1, T2, . . . , Tk}, with the distribution given
by: p(t1, t2, . . . tk) = Pr[T1 = t1, T2 = t2, . . . Tk = tk], the joint entropy is given by:

H(T1, T2, . . . , Tk) =

k∑
i=1

H(Ti|T1, T2, . . . , Ti−1)

where H(Ti|T1) = p(t1)H(Ti|T1 = t1) (3)

H(Ti|T1) is termed as conditional entropy. This motivates us to look for a smart predic-
tive framework which minimizes the uncertainty associated with the system. While most
predictive learning algorithms attempts to maximize the prediction success, they operates
on different models based on different orders.

– In the order-0 model, all the variables are assumed to be independently identically
distributed (i.i.d.). In other words, the variables (symbols) are assumed to have prob-
ability proportional to their relative frequencies.

– In order-1, the probability of a state is dependent only on its previous state and not
on any other state. This is indeed the popular Markov model.

– In higher order (ith order) models the probability of a state depends on a finite number
(i) of previous states. The additive terms in Equation (3) points out that the higher
order models are more information-rich than the lower order models.

All we now need is a way to automatically arrive at the appropriate order dictated by
the input sequence. Fortunately, this is exactly what the class of LZ-78 text-compression
algorithms [13] achieves. In order to investigate into the two opposite poles of the predic-
tive learning scheme for channel reservation time prediction, we have proposed to different
predictive algorithms. While the Bayesian algorithm [4] is pretty simple and treats the
time instants as i.i.d. process, the Lempel-Ziv (LZ) algorithm [13] actually works on the
appropriate order to make a more intelligent, efficient prediction, at the cost of more
complexity.
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3.2 Bayesian Learning Strategy

We propose an online learning mechanism based on Bayesian Aggregation technique [4] to
make the mobile knowledgeable enough to transmit the TBF-request at exact time. The
entire time frame T is now divided into small time units T1, T2, . . . , Tn of 1ms. Each time
unit Ti is assigned to a weight wi. Initially, all the weights are same, i.e., wi = 1/n. The
mobile now estimates the actual TBF-request time by computing an weighted measure of
these time instances. Formally, the predicted time Tp for TBF-request is:

Tp =
n∑

i=1

wi × Ti

wi

(4)

The mobile transmits the TBF-request at Tp and got the response at time Tres. Now,
is Tactual represents the actual time of receiving the coded voice packets, the optimal
time instant Topt for TBF-request is computed by subtracting the waiting time for TBF-
response from this actual voice packet receiving time, i.e., Topt = Tactual − (Tres − Tp).
Intuitively, the optimality is achieved whenever Tactual = Tres, thereby resulting in Topt =
Tp. The most fair measure of the loss (error) associated with this process is entropic loss.
This entropic loss li for each time-instant and its cumulative estimate in m iterations lci
is given by

li = −Topt ln Ti − (1− Topt) ln(1− Ti)

lci =

m∑
i=1

li (5)

At every iteration m, the weights associated with every time-instant Ti are now updated
as

wm+1
i = wm

i e−li . (6)

This procedure is iterated until Tp−Tactual ≤ ε, where ε is a predefined precision. The basic
underlying intuition behind this entire scheme is to probabilistically cluster the weights
towards the optimal time instant Topt. The effects of time instants far from Topt are reduced
by exponentially decreasing their associated weights. In the long run, the predicted time
instant Tp approaches Topt. The overall expected deviation form the optimality (lo) is given
by the following equation

lo ≤ min
i

lci + ln(n) (7)

3.3 LZ-Prediction

The optimal Lempel-Ziv text compression schemes helps to reduce the cost of information
acquisition by processing the symbols (time-instants) in chunks. The entire sequence of
sampled symbols withheld since the last reporting is reported in an encoded form. Thus the
time-instant “t1t2t3...” reaches the profile server as C(ω1), C(ω2) C(ω3), where ωi is the non-
overlapping, distinct segments of string “t1t2t3...” and C(ωi) is the encoding for segment
ωi. For example, the input string “t1 t2 t3 t3 t4 t4 t2 t5 t5 t1 t1 t2 t3 t3 t4 t4 t2 t1 t1 t2 t3 t3
t4 t4 t5 t1 t1 t2 t3 t6 . . .” (where each symbol is N -valued) is parsed as distinct substrings
(phrases): “t1, t2, t3, t3t4, t4, t2t5, t5, t1t1, t2t3, t3t4t4, t2t1, t1t2, t3t3, t4t4, t2t1t1, t2t3t6, . . .,”.
Such a symbol wise context model can be efficiently stored in a dictionary implemented
as a search trie [2]. The incremental parsing accumulates larger and larger phrases in
the dictionary, thereby accruing estimates of higher order conditional probabilities and
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asymptotically outperforming any finite order Markov Model. Essentially, the algorithm
approaches optimality for stationary ergodic stochastic process.

Maintaining the inhabitants context in such a trie helps in efficient computation of
the probabilities of the different phrases (ψ). Following a PPM-style blending technique
[5], our prediction mechanism starts from the highest order of context (leaf of the trie)
and escape to lower orders until order-0 (root) is reached. The probabilities of individual
symbols (time-instants) are computed based on their relative weights on the phrase.

4 Simulation Results

The prime objective is to learn the profiles of the voice and data packets arriving from
the mobile users. Based on this profile, the advanced channel (PCU) reservation request
is sent. The goal is to reduce the difference between the time when the channel-response
is obtained and the voice-data packets are actually transmitted. The learning and channel
reservation scheme is continued for 1hour (3600 sec).

1. An event-driven simulation framework is developed to perform experiments for vali-
dating our analysis and algorithm of early channel reservation.

2. Two different types of speech samples are considered: interactive and business. The
arrival rates of interactive and business voice traffic bursts are assumed to follow
Poisson distribution with a mean of 4burstes/sec and 3bursts/second. The data arrival
is taken as 2 bursts/seecond.
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for Interactive and Business
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Fig. 4. Prediction Accuracy
of Mixed Speech
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Fig. 5. Channel Allocation
Delay for Interactive and
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The efficiency and intelligence of any predictive framework is generally measured by
its predictive accuracy. Figure 3 provides the dynamics of the predictive accuracy of
our proposed early channel reservation schemes. The results point out that LZ-78 based
predictive framework results in almost ∼ 90% and ∼ 97% accuracy for business and
interactive speech. The system becomes cognizant of the user’s patterns within 200–300
secs. The accuracy of the Bayesian learning framework is relatively less (∼ 80%–∼ 85%).
Intuitively this can be clear from the fact that the LZ-predictor actually acquires the
knowledge of higher order context models and their associated dependencies, which the
Bayesian predictor is ignorant of. To further investigate into the predictive framework,
we have evaluated our algorithm over a mixture of interactive and business speech, i.e.,
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business speech followed by interactive speech and vice-versa. Figure 4 demonstrates that
the LZ-78 based predictive framework provides an accuracy close to 87%–90% for both
interactive-business and business-interactive speech. The Bayesian prediction algorithm,
on the other hand, provides a success-rate of 75%–80%.

Figure 5 shows the reduction in channel allocation delay using our predictive frame-
works. Without any early channel reservation scheme the channel-allocation delay would
have been ∼ 70 msec. However, the predictive channel reservation scheme based on
LZ-prediction has the capability to reduce the channel allocation delay to only 15msec
– 20msec for interactive and business speech respectively. The corresponding delay in
Bayesian predictive framework is around 30msec–35msec. Figure 6 shows that the chan-
nel allocation delay for both the mixed speech samples are initially around ∼ 70msec. The
delay for interactive speech followed by business speech takes a reverse-bell shaped curve.
The minimum value (∼ 20 msec) of the curve specifies the minimum channel allocation
delay obtained by the scheme for interactive speech. The delay starts increasing again as
the delay in the business speech is around 40 msec and is always higher than the delay in
the interactive speech. However, the channel allocation delay for the business speech fol-
lowed by interactive speech continuously reduces up to 20 msec. The Bayesian algorithm
achieves a higher delay of almost 10 msec than the LZ-78 algorithm.
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Fig. 6. Channel Allocation
Delay for Mixed Voice
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Fig. 7. Packet Loss in Inter-
active and Business Talk
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Speech

Figure 7 demonstrates that the LZ-predictor starts with an initial packet-loss rate
of ∼ 7%. After around 10 mins the packet-loss rate saturates at almost ∼ 2% for both
interactive and business speech. The corresponding initial and final packet-loss rate for
the Bayesian predictor lies in the range 14% and 4% respectively. We now look into the
results of packet loss in mixed speech. Figure 8 points out that the LZ-78 algorithm
reduces the packet loss of both the mixed traffic from 10%–12% to almost 1%–2%. The
Bayesian algorithm, on the other hand results in a packet loss of 6%–7%.

At this point of time, we are interested in investigating into the overhead associated
with the predictive channel reservation scheme. Both the Bayesian and LZ predictor needs
extra computational and storage overhead. Figure 9 depicts the extra storage overhead
associated with the mobile node for running this Bayesian and LZ prediction strategies.
Although the storage requirement of LZ predictor is more than that of the Bayesian
predictor, both the predictive frameworks require a modest amount (∼ 800 bytes) of
extra memory in the mobile node.
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5 Overall Performance Results

In this Section, we first highlight the basic assumptions we have used for simulating the
predictive channel reservation scheme in GPRS push-to-talk services. Subsequently, we
provide a series of performance results obtained by using the analysis method reported in
our earlier paper [12]. While the interactive speech samples have exponentially distributed
‘on’ and ‘off’ period with mean lengths 0.6 sec and 0.8 sec respectively. On the other hand,
the business speech samples have exponentially distributed ‘on’ and ‘off’ period with mean
1sec and 1.3sec respectively. Simulation results are evaluated for up to nt = 400 users with
average traffic intensity β = [0.05, 0.1] Erlang. In a two way conversation, when codec
detects the silent period (silent detection), the resource allocation for talk burst can be
reduced, thus resulting in an increase of radio link capacity. We now provide a series of
performance results for the overall QoS (delay and blocking) performance.

5.1 Overall Delay and Blocking

We now look into the PCU-slot allocation delay, overall delay over the wireless links and
the total end-to-end delay. The PCU-slot allocation delay is dependent on the different
on the type of slot-allocation strategy used. As discussed earlier, packets can be assigned
1, 2 or 4 GPRS slots. Figure 10 demonstrates that allocating a single GPRS slot/user,
PCU slot-allocation delay for 400 users is found to be 10.5 msec and 18 msec respectively
for the two traffic intensities. Silent-detection reduces this delay further to 3–4 msec.
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In order to investigate the effect of different GPRS slot allocation strategies into the
PCU delay, the same procedure is repeated with 2 and 4 slots/burst. Analytical results
in Figure 11 demonstrates that the delay with 400 users for η = [2, 4] is around [19, 20]
msec and [10, 11] msec respectively for the two different traffic intensities. With the silent
detection scheme the delay can be reduced to [11, 12] msec and [5, 6] msec respectively.

The total voice packet delay over the wireless links is now computed for two different
bundling strategies. In 2× 2 and 3× 2 AMR frame bundling, respectively 2 and 3 AMR
frames are grouped together to make an UDP payload and 2 GPRS slots are allocated
to this payload. As shown in Figure 12, the average voice-packet can be kept between
40–70 msec for the respective bundling strategies. Indeed this delay includes the channel-
allocation delay resulted from the early channel reservation scheme (using LZ predictor).
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Fig. 13. End-to-end Delay
for Voice and Data Traffic

0 50 100 150 200 250 300 350 400
0

20

40

60

80

100

120

 No of Users 

 P
e

rc
e

n
ta

g
e

 o
f 

B
lo

c
k
in

g
 

Traffic−intensity = 0.05
Traffic−intensity = 0.1
 Traffic−intensity = 0.05 and Silent−detection
Traffic−intensity = 0.1 and Silent−detection
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Silent-detection aids in reducing this delay even further. Clearly, the two bundling schemes
result in a difference (≈ 20–25 msec) in voice-packet delay over wireless links, and the
2× 2 frame-bundling gains constantly over 3× 2. Hence the delay advantage of 20+ msec
is obvious, as three frame bundling will require additional 20 msec waiting to get the third
frame.

In our analysis the data packets are always given lower priority than the real-time
voice packets. The data packets are transmitted over the GPRS channels, only when
it is free from active voice sources. Intuitively, thus the data packets will acquire more
delay than the real-time voice packets. Thus, the 2 × 2 frame bundling is an optimal
choice with a delay advantage of ≈ 20msec. Using this bundling scheme and assuming
the delay components associated with packet-interleaving, media gateway, de-jitter buffer
and Internet as described before in Section 2, the total end-to-end voice-packet delay for
300 users can be kept bounded by 300msec (ITU’s recommendation).

While the delay of the voice packets can be kept within ITU’s delay budget, we now
want to look into the blocking associated with our proposed strategy. The sharing of differ-
ent terminals by voice and data sources leads to the packet blocking, which is dependent on
the number of active GPRS terminals in a cell and the intensity of the packets generated.
As shown in Figure 14, the scheme can support around 100 and 200 users respectively
over 200KHz bandwidth spectrum for these two traffic intensities. Using silent-detection,
the mechanism has the potential of supporting around 160 and 300 users respectively,
with low blocking probabilities, thus achieving a capacity growth of almost 50% over the
current GSM spectrum.

5.2 Effects of Data on Voice QoS

At this point of time, we are interested in investigating into the effects of data packets
into the voice QoS (delay and blocking). Figure 15 shows the effects of both voice and
data packets arrival on the overall voice packet delay. The surface plot indicates that with
low data arrival rate (≤ 3 packets/sec) the voice packet delay can be kept considerably
below the ITU’s budget of 300 msec. However, with higher data arrival, the voice packet
delay starts increasing and it is almost 300 msec for a voice arrival rate of 10 packets/sec
and data arrival rate of 5 packets/sec.
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Fig. 15. Delay of Voice and Data Packets Fig. 16. Blocking of Voice and Data Packets

Similarly, the arrival of data packets considerably affects the blocking of voice packets
also. For a lower data arrival rate the voice packet blocking is very low, almost ≤ 3%.
However, for higher data arrival rate, the voice blocking is around 7%.

6 Conclusion

In this paper we have proposed an emerging architecture for packet-switched based, in-
tegrated, push-to-talk services over GPRS networks. The architecture uses packet classi-
fication, coding and bundling scheme and proposes two different novel, advanced chan-
nel reservation schemes to optimize the voice packet delay and blocking. The channel
reservation schemes have the capability to reduce the channel allocation delay with a
reasonable memory consumption and packet-loss rate. Performance modeling and experi-
ments of these early channel reservation schemes, PCU slot-allocation strategies, bundling
and packet classification in traffic plane points out the effectiveness of our framework to
keep the delay of voice packets used in push-to-talk services within ITU’s specifications.
The system is also capable of achieving more than 50% capacity gain over existing GSM
systems, using silent detection.
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