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One of several congestion-control methods in inte-
grated packet networks is a bit-dropping scheme in
which voice is encoded, using the embedded coding
principle, and packetized with blocks of bits organized
according to their order of significance. In a state of
overload, the less significant blocks are dropped in the
multiplexer queue to relieve congestion. Fluctuations in
voice quality occur due to dynamically varying bit rate
during a call. In this paper, we present methodologies
for evaluating the performance of variable-bit-rate
voice under fixed and variable loads. We have devel-
oped a Markov chain model to describe the probabilistic
bit-dropping pattern corresponding to any specified
traffic conditions. The model is used with a software
tool to emulate packetized voice under various loading
conditions. The resulting bit-dropped voice packet
stream is then decoded, converted to an analog signal,
and presented to listeners in a subjective test. We con-
clude that, with prudent traffic engineering of the
network, voice quality will remain robust to temporal
variations in bits per sample.

Introduction

To provide a broader range of services in a more cost-effective
manner, it is necessary to consider network architectures that are inte-
grated from both a customer and an internal network perspective.!
Instead of transmitting voice, data, and video information over multiple
specialized networks, a single integrated network can be used to sup-
port a wide range of services over a common set of facilities and
through a coinmon set of switching devices. An integrated network
architecture should provide more efficient operations, administration,
and maintenance and should allow new services not possible with
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Figure 1. Packet voice multiplexer with bit dropping.

nonintegrated multiple networks.

To address the need for integrated voice-data-
image networks required by the advanced phases of Uni-
versal Information Services, AT&T has been evaluating
wideband packet technology (WPT).2 In WPT, information
is transported via a packet protocol. End-to-end connec-
tions are no longer circuit-oriented but are “virtual,” in the
sense that they exist only while information is being trans-
mitted actively. This, in turn, leads to a more efficient use
of bandwidth. Voice packets, for example, are generated
only during periods of active speech and not during silent
intervals,

Packet-based data networks have been commer-
cially available for many years [e.g., the Advanced
Research Projects Administration Network (ARPANET)
and AT&T’s Accunet® packet service]. As a result, the
performance issues associated with packetized data com-
munications are generally well understood. Packetized
voice communication, however, required new studies for
understanding the effect of randomness in traffic on voice
quality. Because continuous speech is made discrete
through packetization, a packet network must be designed
to restore continuity of speech. By using a build-out delay
equalization strategy at the depacketizer, we can force a
constant delay for all voice packets, thereby eliminating
temporal discontinuities in the speech.

Another performance issue associated with packe-
tized voice communications is the method used to deal
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with congestion in the packet network. In WPT, a voice
packet bit-dropping strategy is employed to control conges-
tion. The bit-dropping scheme, based on embedded
adaptive differential pulse-code modulation (ADPCM) voice
coding, allows for overload control at any point in the
packet network.>$ Subjective voice-quality evaluations have
demonstrated that the bit-dropping strategy significantly
outperforms more traditional packet-dropping strategies
under WPT congestion.

Dropping bits to control congestion has one
important consequence generally not found in standard cir-
cuit-based network architectures: voice transmission quality
dynamically varies with overall network loading. As load
increases in the packet network, the quantization noise
also increases, resulting in reduced speech quality. If the
network is not designed properly, voice quality could vary
noticeably during the course of a single conversation. This
paper reports our attempts to capture this effect through
several interrelated approaches. We conclude that, with
prudent traffic engineering of the network, voice quality
will remain robust in the presence of temporal variations in
bits per sample resulting from nominal load fluctuations.

A Packet Muitiplexer with Bit Dropping

A schematic of a packet voice multiplexer is
shown in Figure 1. Each voice source is packetized, and
the superposition of all sources constitutes the packet
arrival process at the queue in the multiplexer. In general,
the multiplexer would also serve various data sources. We
assume that the queue is finite with a buffer capacity of K
packets and that the service discipline is first-in, first-out.
During a 16-millisecond (ms) interval, 128 samples are col-
lected and transcoded, using an embedded ADPCM
scheme at a rate of 32 kilobits per second (kb/s). The
speech samples are organized into a packet of four blocks.
All the least significant bits from the 128 samples are con-
tained in block 1 of the packet, the next most significant
bits in block 2, and the two most significant in blocks 3 and
4. A 10-byte header incorporates a range of information
about the packet, such as its destination, time-stamp infor-
mation for build-out at the receiver, and other protocol-
related information. Silence detection is employed so that
voice packets are generated only during talkspurt periods.



Figure 2. Average bits per sample as a function of load.

Silence periods are automatically restored at the receiver ' s NuerbleP s R s
as part of the play-out strategy by using time-stamp infor-
mation in the packet headers.

A bit-dropping algorithm is used in the multi- Figure 3. Fractions of packets with 4, 3, and 2 bits per
plexer. Let L denote the current queue fill in packets. The sample.
bit dropping on the packets is done at the output of the
queue—i.e., at the server—just before transmission (Fig- Recent studies have shown that superposition of
ure 1). When L is smaller than the first threshold, no bit packet sequences generated by packetized voice sources
dropping is required and the voice packets have all 4 bits with speech detection produces high burstiness (relative to
per sample. When L exceeds the first threshold @,, but is a Poisson process) due to inherent correlations between
still smaller than a second threshold @,, block 1 containing successive interarrival times in the superposition
the least significant bits is dropped. When L exceeds @,, stream.?”® In a packet multiplexer without bit dropping,
blocks 1 and 2 are both dropped, thus reducing the infor- these correlations tend to cause significantly larger
mation in the packet to the two most significant bits. The queueing delays and packet losses than would be predicted
transmitted voice packet sizes are 74, 58, and 42 bytes, by a Poisson model. Bit dropping on voice packets signifi-
corresponding to the three states of the queue; the corre- cantly smooths the superposition packet voice process by
sponding service times (on a T1 link) are 0.385, 0.302, speeding up the packet service rate during critical periods
and 0.219 ms. A packet is lost if the queue is full when it of congestion in the queue, and the superposition packet
arrives. arrivals can be viewed as a Poisson process from a packet
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Figure 4. A Markov chain model for bit dropping at a fixed
load.

delay and queue length perspective.® Sriram and
Lucantoni® modeled the multiplexer as a queueing system
with a state-dependent server whose service speeds up
during states of congestion. The specific model used was
an M/D/1/K model, where D denotes the deterministic but
state-dependent nature of service. The model was used to
compute various quantities of interest for performance
characterization (e.g., carried mean bit rate for a voice
call, queue length distribution, packet loss due to queue
overflows, and mean and variance of voice packet delay).
The predictions by the model are quite close to the mea-
surements made with a hardware implementation of the
multiplexer, as shown in Figures 2 and 3. Figure 2 shows
the average bits per sample. Figure 3 shows the distribu-
tion of packets with 4, 3, and 2 bits per sample.

The subjective effects of bit dropping on voice
quality under fixed network loadings have been reported
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elsewhere. 1011 This work showed that, as the load was
increased and bit rate was thus reduced, the subjective
speech quality degraded gracefully. In real applications,
network loads vary dynamically and voice quality could
vary noticeably during the course of a single call. Thus, it
is of interest to evaluate voice quality under realistic net-
work scenarios, where loads vary dynamically and the bit
rate allocated to a particular voice trunk varies according
to call arrival and termination processes.

Methodologies for Synthesis of Packet Sequences

In this section, we develop a general Markov
chain framework to synthesize bit-dropped packet streams
corresponding to a voice call on a transmission link under
fixed as well as dynamic load conditions.

Bit-Dropping Model. Dropping of bits in successive
packets is modeled by a stationary Markov chain consisting
of 4-bit, 3-bit, and 2-bit states, as illustrated in Figure 4.
The model could easily be extended to include the case of
dropped packets by incorporating a packet-dropped state;
however, the packet-dropping probability is negligible over
the range of load that is of interest.® The transition proba-
bilities from state ¢ to state ; are denoted by p;. The packet
state probabilities are denoted by , where the subscript
represents the number of bits per sample in the packet.
These probabilities are the same as the fraction of 4-, 3-,
and 2-bit packets that is realized for a given average bits
per sample, say b (see Figures 2 and 3). In general, a
given average bits per sample can be realized with various
4-, 3-, and 2-bit packet combinations, and the different
fractions result in different variances for a specified b.

LetII = {w; i = 4, 3, 2} denote the state prob-
ability vector and P = [p,; 1, j = 4, 3, 2] denote the
transition probability matrix. Note that

II

@)

= fori=2, 3,4 2

Under steady-state conditions for a stationary Markov



chain, we have

IP =11 @

Equations (1), (2), and (3) provide a set of relations indi-
cating that, given two of the state probabilities, the three-
state Markov chain is completely characterized if certain
4-tuples of the p; are specified. For example, m,, 1, p,,,
Dsg Doy and p,, completely specify the stationary Markov
chain of Figure 4.

Both modeling and measurement data provide the
fractions of 4-bit, 3-bit, and 2-bit packets that result in a
given average bits per sample (see Figures 2 and 3).
Hence, the state probabilities, r, are known for a speci-
fied average bits per sample. Also, if one specifies the
desired mean and variance, the 4-, 3-, and 2-bit packet
fractions can be determined; hence, the state probabilities
are known.

While the state probabilities determine the aver-
age bits per sample, 4, and the associated overall variance,
it is the transition probabilities that characterize the tem-
poral (short-term) variations in the bits per sample. The
queue dynamics of the packet multiplexer can be such that,
over a call holding time interval (0, T), two different cases
of temporal variations can have the same average bits per
sample and overall variance. However, over shorter seg-
ments of time within the interval (0, T'), the variance in
bits per sample can vary over consecutive segments. This
effect is characterized by the transition probabilities.

Link transition probabilities. In the stationary Markov
chain model for bit dropping on successive packets, the
state transition probabilities can be computed approxi-
mately by assuming exponential distributions for the
corresponding queue state transition times (i.e., durations
of queue fill remaining above/below the respective bit-
dropping thresholds). If w denotes the mean packet multi-
plexer service interval per packet, then e~ w7 is the
probability that no transition occurs during the interval of
length ., where T is the mean time to a transition for the
corresponding queue state. Therefore, the probability that
a transition occurs during a service interval is given by

py=1—e " 4)

where £ is the mean time to a transition from state i to
state j and I, is dependent on the state .

For a two-state system, the average bits per sam-
ple and one of the p, completely specify the Markov chain.
If the case of transitions from 4-bit state to 2-bit state or
vice versa is not considered for a single packet multiplexer,
then p,, = p,, = 0. This is a reasonable assumption,
since it is highly unlikely that the queue length will change
by the difference between the first and second bit-dropping
thresholds during the service time interval of a packet. In
this case, for the three-state system, the average bits per
sample, one of the 7, and any 2-tuples of p, (except for 2-
tuples from either the set Dsps Doy Do OF the set Dz Do Dus)
completely determine the Markov chain probabilities.

_ The modeling/simulation studies offer estimates of
t;. For a two-state system with b = 3.7, the studies indi-
cate that 7,, is about 5 ms. The transition probabilities can
be computed using equations (1) to (4). In equation (4),

i, = 0.385 and w, = 0.302. Using the Markov chain
model with the computed transition probabilities, we can
determine the profile of average bits per sample as a func-
tion of time on a link.

Fixed Load. At a fixed load, the correlations from
packet to packet for a voice call are negligible under
steady-state conditions, because the queue dynamics of a
packet multiplexer stabilize within a few multiples of the
packet service time.® The packet service time is of the
order of 0.385 ms for a 4-bit packet, while the 16-ms
packet generation interval of an individual voice call is
much longer. Thus, we can assume that the state of a
packet (that is, bit dropping experienced by a packet) is
independent of the state of the previous packet for a voice
call. This independence assumption suggests that a single
voice call may be modeled as a chain of independent state
occurrences (p,; = ,in Figure 4). Consider the 3-bit
state as the current sfate. The probability of the next state
being 4-bit is ,, being 3-bit is m,, and being 2-bit is ,.
That is, whatever the current state, the transition proba-
bility of the next state being the -bit state (t = 2, 3, 4) is
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Figure 5. A Markov chain model for voice calls under
dynamic load.

the same as the steady-state probability of the -bit state.
This captures the assumption that the state of a voice
packet is independent of the state of the previous packet of
the same voice call. The model now may be viewed as a
fictitious/degenerate Markov chain. Hence, the proposed
voice call model fits within the framework of the bit-
dropping model outlined earlier. In addition, equations (1)
to (3) are applicable, with the state transition matrix P
givenby p. = m; 17 = 4,3, 2.

Thus, while correlations exist for bit dropping on
successive packets of the aggregate packet stream from all
calls on a link, the independence assumption holds well for
packets belonging to a particular call. The average bits per
sample and the fractions of packets with 4, 3, and 2 bits
per sample are therefore sufficient to emulate bit-dropping
effects on the packets of an individual voice call at a fixed
load.

Dynamic Load. In most applications, the number of
active voice calls on a link fluctuates during the course of a
voice call. In these applications, packet-to-packet correla-
tions become significant and the duration of these
correlations is comparable to the time scales involved in
the load fluctuations. The independence assumption
(regarding bit dropping from one packet to the next) is no
longer valid. Load fluctuations, however, can be accounted
for by quantizing the number of active channels into var-
ious bins and modeling the load variations as yet another
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Markov chain. Consider Figure 5, which shows an #-state
discrete Markov chain. Let 7, and j,, respectively, denote
the lowest and highest number of calls in group state k.
The state probabilities for group &, I1,, can be determined
by noting that they are the sum of the probabilities of 7, to
J, channels being active. For Poisson call arrivals, exponen-
tial holding times, and blocked calls cleared, these
probabilities can be computed using the following Erlang B
formula:
I
b = Ma i )

> ailj!

j=0

where p, denotes the probability of / channels being busy, a
is the offered load, and M is the maximum number of chan-
nels available. Then we have

m=3 ®)

Strictly speaking, the p, in equation (5) should be modified
by the factor 1/ (1 — p,) because the case of zero calls is
not applicable. However, p, is very small. .

The state probabilities, IT,, can be computed
using equations (5) and (6). For each state, the mean bits
per sample, b,, is determined as the mean of the average

bits per sample (which can be obtained from Figure 2) for

i, to 7, active voice calls. Then, the overall average bits per
sample realized on a voice call under dynamic load is



b= 3 1}, ™

where # is the number of call states of the discrete Mar-

kov chain in Figure 5. Each state of the Markov chain is

characterized by a different set of state probabilities

(w®, w, w®, which can be obtained from Figures 2 and

3. Each set corresponds to the b, realizable for that group

of active calls.

The discrete Markov chain is completely character-
ized if the transition probabilities are also specified. As
shown in Appendix A, the transitions from state kto & + 1
or to £ — 1 may be modeled exactly by a phase-type distri-
bution. However, the transition times can be approximated
by a suitable, simple distribution (e.g., exponential or
hyperexponential) whose mean and variance are matched to
the phase-type distribution (see Appendix A for details).
With the state probabilities, IT, (¢ = 1, 2, .. ., »), deter-
mined by equations (5) and (6), and the transition times,

;S determined by the method described in Appendix A

the discrete Markov chain of Fi igure 5is completely charac-

terized (y; denotes the time spent in group state ¢ before a

transition is made to group state 7). Packet sequences fora

voice call under dynamic load can be synthesized using the
above characterization.

While the above methodology of generating packet
sequences for a voice call on a link that is experiencing
varying load is useful, it is feasible to achieve the same
objective by an approximate, but reasonably accurate and
simple, technique:

1. Generate the number of active calls on a link as a func-
tion of time over an interval T (the average holding
time of a voice call) using a simulation model with Pois-
son call arrivals and exponential holding time.

2. Map the sample path thus generated into quantized
states, resulting in a sequence of subintervals {r{},
i=1, 2 , ™, where the subscript denotes the
quantlzed state and the superscript refers to the time
subinterval. The sequence is such that

> =T 8)
i=1

and the overall average bits per sample is given by
b 13 )
b=?2 B, )

where b, denotes the mean bits per sample for state k.

3. Use the packet sequence generation algorithm for a
voice call under fixed load to generate the packet
stream corresponding to b, bits per sample for T
seconds.

4. Concatenate the above packet streams to synthesize
the complete packet stream for the T-second voice call
under consideration.

If the quantization of the states in the packet syn-
thesis procedure is too coarse, the average bits per sample
realized on the voice calls might not be a smooth function
over consecutive time subintervals. If the quantization of
the states is too fine—that is, if 7% are too small (say, a
second or two)—it may not be poss1ble to generate mean-
ingful packet streams. The simulation results have indi-
cated that the quantization step size for creation of the
discrete Markov chain of Figure 5 should be about three to
six calls. The number of states in the discrete Markov
chain need not be large, since voice calls receive about 4
bits per sample for up to about 90 active calls on the link
(see Figure 2). When the maximum number of calls is 120,
the discrete Markov chain model would contain five states,
each with about six calls, in addition to the first state,
which represents 1 to 90 active calls.

Figure 6 shows the number of calls in progress,
generated using a model with Poisson call arrivals and
exponential holding times (the average number of calls is
103). It also shows the corresponding average bits per
sample realized on a voice call, generated using the
approximate packet synthesis technique (the average bit
rate is 3.7). It is clear that b closely tracks the number of
active calls on the link.

The techniques developed here also apply to stud-
ies of the effect of peakedness in traffic on voice calls. For
the discrete Markov chain approach, the p, in equation (6)
can be determined by using the equivalent random
method. 2 For the approximate method, the sample path
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Figure 6. Variations in average bits per sample

with time for a voice call (top) and the corresponding
number of active calls on the link over the same
time interval (bottom).
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generated in the first step should include the peakedness in
traffic. In integrated packet networks, it is usually the case
that voiceband data calls are also served by the same multi-
plexer queue. The presence of voiceband data can be
handled approximately by a corresponding (virtual)
increase in the number of active voice calls on the link, by
observing that a voiceband data call is equivalent to about
2.5 voice calls from bandwidth considerations.

Subjective Measurements of Voice Quality

Using the models of the previous section, we can
generate packet streams to emulate packetized voice under
various loading conditions. In this section, we use the
model-generated bit-dropping patterns in conjunction with
a tool that allows software simulation of packetized
speech, and we present the results of subjective measure-
ments of voice quality.

Test Conditions. Three sets of conditions were
tested in a formal subjective voice performance evaluation.
The packet sequences corresponding to the test conditions
were synthesized, using the models for a voice call under
fixed as well as dynamic loads.

Fixed load conditions. This class of conditions
attempted to characterize the performance of a voice call
under fixed load. Ten different conditions were considered.
The probabilities or fractions of 4-, 3-, and 2- bit packets
for each b were those obtained via models/measurements
(Figures 2 to 3). With these fractions as the transition
probabilities in the state transition matrix of a Markov
chain, packet sequences corresponding to the length of
speech files were generated.

Different variance conditions. A fundamental issug is
whether the specification of average bits per sample, b, is
sufficient to characterize the voice quality of a call in a
packet network. The variance in bits per sample plays a
potentially important role in determining the voice quality.
The variance in bits per sample on a voice call is of two
types: the overall variance on a call due to the distribution
of 4-, 3-, and 2- bit packets, and the variance due to short-
term (in relation to the duration of the call) fluctuations in
average bits per sample. The first type depends on the
distribution of packets with 4, 3, and 2 bits per sample,



whereas the second type depends on the time fluctuations

in bits per sample. Here, we will consider the case of over-
all variance due to different packet distributions on a voice

call.

Four conditions—(r,, ,, m,) = (0, 1, 0), (11,
.78, .11), (.22, .56, .22), and (1/3, 1/3, 1/3), each resulting
in an average of 3.0 bits per sample—were used for study-
ing the effect of variance on voice quality. The first
condition constitutes a reference case with all-3-bit pack-
ets. The second condition represents the expected
distribution of packets out of a packet multiplexer (see Fig-
ure 3). The third condition is feasible on a link in a packet
network (say, due to random merging/splitting traffic pat-
terns at nodes internal to a packet network). The last
condition reflects the case of equal numbers of 4-, 3-, and
2-bit packets. With the above fractions as the transition
probabilities in the Markov chain model for a call under
fixed load, voice packet sequences were generated.

Dynamic load conditions. This class of conditions
attempted to characterize the performance of a voice call
under dynamic load. The six conditions considered had the
basic constraint that a voice call receive an overall average
of 3.7 bits per sample.

In the first four conditions, the length of speech
files was partitioned into five equal segments, each seg-
ment receiving different average bits per sample. The
average bits per sample for each segment was determined
so that the overall average is 3.7 bits per sample and the
overall variance is about the same. These variations repre-
sent a realistic case. The mean bits per sample profiles for
the four test conditions generated with the above criteria
(good-to-bad, bad-to-good, good-bad-good, and bad-good-
bad) are illustrated in Figure 7. A fixed load condition with
an average of 3.7 bits per sample is also shown in the
figure.

The last two conditions, in which the bit rate
varied over the course of the speech segment according to
a Poisson call model, attempted to characterize the per-
formance of a voice call on a T1 digital facility [1.536
megabits per second (Mb/s)]. From the standard Poisson
call arrival model with an offered load of 104 erlangs and
the assumption that call duration is exponentially distrib-

Figure 7. Variations in average bits per sample over time
for some test conditions. (Overall average bits

per sample = 3.7.)
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Figure 8. Schematic of the voice packet simulation tool.

uted with a mean of 300 seconds, sample paths, as a
function of time, of the number of active calls on a link
were generated. Two representative 32-second segments
with substantial variation in number of active calls (so that
realistic dynamic load fluctuation could be captured) were
chosen, subject to the constraint that the mean number of
active calls during the interval be such that an average of
3.7 hits per sample was realized on the voice call under
consideration. The packet sequences for voice calls under
dynamic load were then generated by the approximate
technique outlined in the “Dynamic Load” section.

Subjective Test Procedure. The speech stimuli in the
experiment consisted of 32-second conversational speech
segments generated by two males and two females. All
conversations were stored on a laboratory computer using
16-hit linear PCM format with 8-kilohertz (kHz) sampling.
The simulated conditions were generated by first convert-
ing the files to 64-kb/s p.-law PCM, then to 32-kb/s
embedded ADPCM, and simulating packet production by
the packet multiplexer and bit dropping under load (Figure
8). The files were then decoded and transformed back to
the original linear format. The transformed files could then
be played out of a digital-to-analog (D/A) converter,
through a simulated telephone connection, to the experi-
mental participants.

Forty-four adults, recruited outside AT&T, partici-
pated in a formal subjective listening test. The participants
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were asked to rate the quality of speech segments along a
five-point quality scale: excellent, good, fair, poor, unsatis-
factory. Following standard practice, the mean opinion
scores (MOS) for each condition were derived from the
voice quality ratings by first transforming the ratings to a
numeric scale (1 = unsatisfactory, 2 = poor, 3 = fair,

4 = good, 5 = excellent) and then taking the arithmetic
averages of the transformed values.

Results. Mean opinion scores are plotted in Figure
9 for the fixed load conditions in which the average bit rate
was held relatively constant over the course of the speech
segments. The open circles represent MOS measurements
for the simulated packet stream with fixed average bits per
sample. Plotted on the same graph are MOS values (solid
diamonds) from the earlier listening test in which subjects
rated the quality of speech recorded through prototype
packet multiplexer hardware. Aside from a small offset due
to hardware-related factors (e.g., channel unit noise),
there appears to be good agreement between the two tests
for conditions in which the load is fixed.

The effect of different variances on speech qual-
ity, with the average bit rate held constant at 3.0 bits per
sample, is depicted in Figure 10. The data show clearly
that, as the variance in the speech segment increases, the
overall quality of that segment decreases. An analysis of
variance of the test data demonstrated this effect to be
highly significant.

MOS ratings for the six different conditions in
which the short-term average bits per sample was free to
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Figure 9. Mean opinion scores for different average bit rates
at fixed loads.

vary dynamically about a long-term average of 3.7 bits per
sample are shown in Figure 11. Also shown is the rating
obtained for an average of 3.7 bits per sample for a voice
call under fixed load. Interesting, though minor, differ-
ences were observed in the MOS values obtained among
some of these seven conditions. The pattern of these dif-
ferences (e.g., bad-to-good being rated better than good-
to-bad) suggested that subjects had weighted their opinions
of quality according to the distribution of quality within the
32-second interval. Seemingly, when the bit rate was
higher at the end of the speech segment, subjects rated
that condition better than when the bit rate was lower at
the end of the speech segment.

We carried out an analysis in which we correlated
the overall MOS values obtained for the 28 speech trials (7
conditions for 4 speakers) at an overall bit rate of 3.7
bits/sample with the short-term bit rates averaged within
2.64-second intervals across the length of the speech seg-

Figure 10. Mean opinion scores as a function of variance of
bits per sample.

ments. The results of the correlational analysis are plotted
in Figure 12, where the data points are at the midpoints of
the 2.64-second intervals. They reveal the temporal
weighting function that subjects were evidently using when
judging the overall quality of the 32-second speech seg-
ments. The correlation between subjects’ quality
judgments and short-term bit rate was highest during the
last 5 seconds of the speech segment. As the average bits
per sample within this period increased, so did the quality
ratings. The lowest correlations were found within approxi-
mately 8 seconds to approximately 18 seconds from the
onset of the speech segments. The function plotted in Fig-
ure 12 can be regarded as an example of the serial-position
effect, as described in the literature on human memory.:3 A
multiple-regression analysis demonstrated that while the
function plotted in Figure 12 is statistically reliable, it
accounted for less than 2 percent of the overall variance in
subjects’ voice quality ratings, indicating that the effect is
of relatively minor importance.

Conclusions and Discussion

In this paper, we have presented a methodology
for synthesizing packet sequences for a voice call to emu-
late the effects of bit dropping (or variable bit rate) under a
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Figure 11. Sensitivity of mean opinion score to temporal
variations in bits per sample.

variety of load scenarios. The methodology incorporates
temporal characteristics of bit dropping, such as the dura-
tions for which packets experience a certain level of bit
dropping. Models for the emulation of the bit-dropped
voice packet sequences have been described for fixed as
well as dynamic voice load conditions. Using these models,
we have characterized the subjective effects of variations
in bit rate on voice quality.

Previous voice performance evaluations of packe-
tized voice have examined the effects of reductions in the
average bit rate on speech quality ratings'®!* and on the
quantization distortion introduced into the speech signal.
In these evaluations, the bit rates varied according to sta-
tistics determined by the programmed settings of a voice
load simulator. In the experiment reported here, bit rate
variations were introduced under software control. This
allowed us to evaluate speech quality under the influences
of dynamic traffic fluctuations and the concomitant tem-
poral changes in bit rate.

Results of subjective tests demonstrated that, in
general, speech quality can be affected by variations in the
bit rate over time, especially in a heavily loaded network
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Figure 12. Temporal weighting function for speech quality
ratings.

when the mean bits per sample over a call duration is low
(e.g., b = 3.0). However, with prudent traffic engineering
of the network, the mean bits per sample over a call dura-
tion can be kept fairly high (e.g., & = 3.7). Then voice
quality remains robust to temporal variations in bits per
sample resulting from nominal load fluctuations.

The data presented in this paper extend our
understanding of the transmission performance of pack-
etized voice under dynamic load with temporal variations
in bit rate within the duration of a call. Further, the models
and methodology described facilitate the specification of
performance objectives for variable-bit-rate voice in inte-
grated packet networks.
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Figure A-1. A Markov chain representation of the call on/off
process at a fixed offered load.

Appendix A. Modeling State Transitions

In a packet voice multiplexer, the number of active
voice calls fluctuates according to a Markov chain, as
shown in Figure A-1. As described in the section
“Dynamic Load,” we group the adjacent states to form a
coarse representation of fluctuations in the number of
active voice calls. As an example, consider the grouping of
adjacent states to form three groups, shown in Figure A-2.
Let the three groups of states be denoted by S,, S,, S.:

51: (0, 1’2;---yj1)
S, =0yt +1,...,7,)
S,=(Gyi,+1,...,7) (A-1)

Then the state transitions among the three groups are
described by the following rate matrix:

A A, 0
R=14, A, A, (A-2)

32 733

where A4, is a matrix of dimension (5, — 7, + 1) X (j,
— i, + 1). This type of grouping aids us in simplifying the
stochastic process used in simulation for the effects of call
on/off variations on the bit-dropping process.

Our objective is to find the distribution of time
spent within each group before a transition occurs to an
adjacent group. It is well known in queueing theory' that
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for the formation given here, the time spent in any of the
states S, 7 = 1, 2, 3, has a phase-type distribution
because it is the time spent to absorption in a stationary
Markov chain, which has one or more absorbing states. We
can determine the mean and variance of the time spent in
each group (S, S,, S;) until a transition to another group,
conditioned on the group to which the transition occurs.
The values of the means and the variances can be com-
puted exactly by analysis. Then we can approximate the
duration by a suitable, simple distribution (e.g., a hyper-
exponential) whose mean and variance are matched to the
values computed for the underlying phase-type distribu-
tions. This procedure facilitates the use of a simpler
distribution, without losing much in the way of accuracy,
thereby reducing the complexity of the simulator.

For illustration, consider a simple situation where
group S, consists of only two states and soj = 7 + 1.
The mean, B,, and variance, B,, of the phase-type distri-
bution for time spent in group S, can be derived with some
algebraic effort, and are as follows:

B, =A" [(i + Dy + zx] (A-3)
B, =2A"? [sv + Gi+ HAp + G+ 1)2»2] (A-4)

where
A =N+ Ap + (G + Dp? (A-5)

The above quantities refer to the case when the sojourn
through S, begins in state 7 and ends in state i ~ 1or¢ +



2. The coefficient of variation of the sojourn time in S, is
given by:
B-B_,. 2 — plp

B2 4p% + 4G + Dp + (G + 1)

(A-6)

CZ

where p = M/ is the offered load in erlangs. To get a
numerical feel for ¢2 values, consider the following table:

P i j=i+l ¢2
(erlangs)

Case l: 7,7 <p 104 97 98 0.9845

Case 2:4,7>p 104 109 110 1.0123

Note that the coefficient of variation of the time spent in
group S, = (4, 7 + 1) has a value less than 1 if the states
in S, lie on the lower side of p, and has a value greater
than 1 if the states lie on the higher side of p. In either
case, the value of the coefficient of variation is close to 1,
indicating the possibility of having an approximately expo-
nential distribution.

The moments and coefficient of variation for the
actual groups of states of interest can be computed exactly.
Then suitable erlang, exponential, or hyperexponential
approximations can be made, depending on whether ¢z <
1, ¢2 = 1, or ¢ > 1. If, on the other hand, it is observed
that ¢? is always quite close to 1, as seen in the simple
example above, then the distributions of the times spent in
the various groups of states may be approximated by expo-
nential distributions with suitable rates. [Note that
equation (A-6) suggests the possibility of having ¢2 values
close to 1 as long as the group of states ¢ through j is such
that ¢ and s values are neither too small nor too large com-

Figure A-2. Grouping of adjacent states to provide a coarse
representation of call on/off variations.

pared to p. Further, note that the probabilities are small
that the Markov chain will be in states too far below or too
far above p.]

As in the section “Dynamic Load,” let -y; denote
the time spent in group S, (group ¢ in Figure 5) before
making a transition to group S,. Clearly, ;S are also
phase-type distributed. Once the approprlate absorbing
state and the transition rates are identified, the mean and
variance of the conditional transition times, vy,, can be
computed using the same procedure as descrlf)ed above.
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