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A method and system for controlling speech encoding in a communication system utilizes feedback information such as packet |
modification control data (154) sent from a communication link output controller, such as a network arbitor (142). The network arbitor
(142) sends the packet modification control data (154) to a selected vocoder (146) to change the filter states of the selected vocoder (146)
when the network arbitor (142) modifies an output speech packet communicated of a communication link (20), to facilitate improved
convergence of a speech encoder and a speech decoder, such as a mobile subscriber unit.
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METHOD AND SYSTEM FOR CONTROLLING SPEECH
ENCODING IN A COMMUNICATION SYSTEM

FIELD HE INVENTION

The invention relates generally to communication systems
having improved data throughput over a limited bandwidth link and

more particularly to methoas and systems for controlling speech
encoding in a communication system.

- P A N

The instant applicatior: is related to a co-pending application
entitled "Method And System For Controlling An Encoding Rate In A

Variable Rate Communicatior System" having Serial No. CE03175R,

the same inventors, assigned to the same assignee and filed on the
same date.

KGROUND E INVENTION

One of the main aims of packet networks and frame relay
systems 1s to maximize the datz throughput of a system given a limited
bandwidth communication link. In the case of speech information,
conventional code division multiple access (CDMA) cellular systems
take advantage of the statistica! nature of speech to increase the number
of channels handled by a given data “pipe”. This is particularly the case

with CDMA systems where speech coding algorithms in voice coders

(vocoders) generate variable speech packet sizes that are directly related
to the amount of speech activity at a given time.

As the number of channels is increased, there is an increased
occurrence of packet blocking v nere the data rate of the link is exceeded
by the short-term requirements of the speech (voice) packets.

PCT/US98/09498
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Therefore, the number of channels is typically set at a level where these
collisions occur at a statistically low level. When such collisions do
occur, speech packets are typically thrown away or bits within a speech
packet have to be thrown away to reduce the packet size. This

>  inevitably results in reduced voice quality due mainly to a loss of
relevant speech information and to a subsequent divergence of the
voice encoder’s filter state to the voice decoder's filter state. For
example, where a base site controller (BSC) encodes speech in its
transcoder as received from a mobile switching center, a mobile

10 subscriber unit receiving the voice has a decoder filter whose states
should be similar to the state of the encoding filter to maintain a proper
historical record for use by the filters to properly encode and decode
voice signals. Where the filter states differ between an encoder and the
corresponding decoder, a loss in voice quality can occur over time.

15 In a conventional code division multiple access cellular radio
telephone  system, the conventional limited bandwidth
communication link which passes the transcoded information is a T1

ylelds 96 channels. Also in conventional CDMA cellular

20 radiotelephone systems, a centralized base site controller uses the

transcoder to transform data at a higher rate into data at a lower rate

(and subsequently smaller bandwidth). The lower rate data is called

transcoded, or rate adapted data. The data is typically coded in traffic

channel packets and are communicated to and from a network arbitor

25  which arbitrates among the traffic channels to select which packets are

communicated at which time sequences and at which frequency. A

network arbitor interfaces with a network interface to communicate the

information coming from the transcoder to a base station. The base

station then transmits and receives radio signals with a cellular

30  subscriber unit. However, the network arbitor does not typically

communicate back to the vocoders to vary encoding rates or inform the

vocoder that speech packets were dropped to avoid bandwidth
bottlenecks.

Forms of increasing system capacity by reducing speech encoder

35 rates are known. For example, U.S. patent application serial number

08/575,450 filed December 20, 1995 entitled Method and Apparatus for
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Controlling Encoding Rate in a Communication System assigned to
Instant assignee, proposes a system that identifies specific mobile
subscriber units as candidates for encoding rate reduction based on link
related characteristics from a group of mobile subscriber units. The link
related characteristics, include for example the handoff state of the
mobile, the location of the mobile with respect to a serving base station
or adjacent base stations, transmission characteristics of the mobile and
the amount of noise experienced by the mobile. However, the network
arbitor in such a system also does not typically communicate back to the
variable rate vocoders to vary encoding rates or inform the variable
rate vocoder that speech packets were dropped to avoid bandwidth
bottlenecks.

Consequently, a need exists for an apparatus and method which
facilitates a maximization of the available bandwidth over the
communication link while also maintaining a suitable voice quality
level during high capacity link usage.

BRIEF L RIPTION OF THE DRAW

FIG. 1 generally depicts an example of a communication system
having a system for controlling an encoding rate in accordance with
one embodiment of the invention.

FIG. 2 generally depicts a block diagram of a system for

controlling an encoding rate in accordance with one embodiment of
the invention.

FIG. 3 is a flowchart generally depicting a method of controlling
an encoding rate in accordance with one embodiment of the invention.

FIG. 4 is a flow diagram depicting in more detail a method for
controlling an encoding rate in a communication system in accordance
with one embodiment of the invention.

FIG. 5 is a flowchart generally depicting a portion of a method of

controlling an encoding rate in a communication system in accordance
with one embodiment of the invention.

PCT/US98/09498
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FIG. 5.1 is a diagram generally representing timing of various
signals a system for controlling an encoding rate in accordance with
one embodiment.of the invention.

FIG. 6 is a block diagram generally depicting another

5> embodiment of a system for controlling an encoding rate in a
communication system which includes an additional network arbiter
control mechanism for selectively controlling a speech encoder in
accordance with another embodiment of the invention.

'FIG. 7 depicts a block diagram of another embodiment of the

10 invention wherein a packet modification control signal is sent from
the network arbitor to the transcoder when modification to a speech
packet has been made by the network arbitor; and

FIGS. 8 and 8.1 are flow diagrams generally depicting the
operation of the system of FIG. 7.

15

JETAILED DESCRIPTION OF A PREFERRED EMBODIMENT

One embodiment of the disclosed invention utilizes variable
20 rate vocoder related information, such as encoding rate information,

sent from each of a plurality of variable rate vocoders, such as variable
rate vocoders in a transcoder stage of a base site controller, to a

communication link output controller, such as a network arbitor. The
communication link output controller then sends a feedback signal to a
25  selected variable rate vocoder to change the encoding rate of the
selected variable rate vocoder. The variable rate vocoder related
information includes for example rate information and rate desirability
information so that the network arbitor can determine a required rate

of channel packets that must be communicated over the limited
30  bandwidth communication link. The rate information may be

teedforward projected rate data from the variable rate vocoder to the
network arbitor.

The network arbitor then compares the required rate to the
available rate of the link to determine whether or not a bottleneck will
35  occur. If the network arbitor determines that a bottleneck will occur, a

vocoder control signal is generated and sent back to a selected variable




*rB

10

15

20

25

30

35

WO 99/13604

CA 02302279 2000-02-29

-5.-

rate vocoder to notify the variable rate vocoder to decrease its encoding
rate on the current packet so that when encoding is completed the
packet will be encoded at a lower rate than initially determined. In this
way, the network arbitor generates the vocoder rate control signal to
facilitate selective control of the variable rate vocoder prior to the
variable rate vocoder completing encoding of a current packet to vary
an encoding rate of the current packet prior to the encoding process
being completed. '

In another embodiment, the network arbitor may
additionally and independen:ly modify speech packet data when it
determines that a bottleneck may occur. However, in contrast with
conventional systems, the network arbitor also communicates to the
variable rate vocoder that generated the dropped packet, that the packet
was dropped. Consequently, the corresponding variable rate vocoder
can adjust its filter states acccrdingly to reduce divergence so that the
encoder and decoder filters converge to improve voice quality over
time.

In yet a further embodiment, the network arbitor independently
modifies speech packet data when it determines that a bottleneck may
occur. However, in contrast with conventional systems, the network
arbitor also communicates modification data to the variable rate
vocoder that generated the d-opped packet, indicating that the packet
was modified. Consequently, the corresponding variable rate vocoder
can adjust its filter states accc-dingly to reduce divergence so that the
encoder and decoder filters converge to improve voice quality over
time.

FIG. 1 shows a base site controller 10 in communication with a
mobile service switching center (MSC) 12 through limited bandwidth
link 14. In the preferred embodiment, the communication system is a
code division multiple access (CDMA) cellular radiotelephone system.
However, it will be recognized by those of ordinary skill in the art that
any suitable communication system may utilize the invention,
including other audio communication systems. The mobile service’s
switching center 12 communicates with a public switch telephone
network (not shown). The BSC 10 performs switching functions
similar to the MSC 12 but at a location remote with respect to the MSC

PCT/US98/09498
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12. Base stations 16 and 18 communicate to the BSC 10 through limited
bandwidth link 20. The base stations 16 and 18 are capable of
communicating with a plurality of mobile stations 22a and 22b.
The base station controller 10 includes a network arbitor 24 1n
5 communication with a transcoder 26 for communicating speech packet
information 28. The network arbitor 24 receives feedforward data
| signals 30 over a bus from transcoder 26. The network arbitor 24
determines a required linked bandwidth for transmission of encoded
packets of speech based on the feedforward data 30. The network
10  arbitor 24 compares the required link bandwidth with an available link
bandwidth to determine the amount of remaining bandwidth for the
link. In response, the network arbitor 24 generates a vocoder rate
control signal 32 when the required bandwidth exceeds the available
bandwidth. The receiving variable rate vocoder controls the encoding
15 rate to facilitate a reduction in bandwidth requirement for the link.
Hence the network arbitor 24 selectively controls the encoding rate of at
least one variable rate vocoder from the transcoder 26 to facilitate a
reduction in required link bandwidth. In this way the BSC 10 utilizes
feedforward control data from the transcoder 26 to the network arbitor
20 24 and in addition incorporates a feedback vocoder rate control signal
32 generated by the network arbitor 24 to selectively control one or
more speech encoders to reduce an encoding rate prior to the speech
packet of that encoder being transmitted by the network arbitor 24.
FIG. 2 shows BSC 10 with the transcoder 26 having a number of
25  variable rate vocoders 34 each with a conventional speech encoder 36
and with a rate determinator stage 38. The speech encoder 36 as known
In the art, encodes received speech information 14 and generates and
receives traffic channel packets 28. Speech encoders 36 are variable rate
encoders. A call processing block sends call signaling control data to the
30 rate determinator stage 38. The call processing block as known in the
art, generates among other things, call set up, call tear down commands
and power control information. This data is typically multiplexed with
encoded speech information and is critical to facilitate proper
communication with a mobile unit 22a or 22b.

35 The network arbitor 24 receives the traffic channel packets 28 in
buffer 40. The traffic channel packets 28 are then either transmitted
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over the limited bandwidth link 20 or received from the limited
bandwidth 20 under control of multiplexer 42. The network arbitor 24
also includes a control processor 44 for controlling the multiplexer 42
and for generating the vocoder rate control signal 32 and transmitting
the vocoder rate control signal 32 back to each of the variable rate
vocoders 34. The network arbitor 24 also has access to memory 46
which may be a database or other suitable memory.

Referring back to rate determinator 38 and variable rate vocoder
34, as with typical rate determinator stages in vocoders, the received
voice information is analyzed to determine the rate at which the
speech should be encoded by speech encoder 36. However, unlike
conventional systems, this rate data is also sent to the network arbitor
24. This rate information is referred to herein as projected rate data 48.
The variable rate vocoder 34 through rate determinator 38 transmits
the projected rate data 48 to the network arbitor 24 for use by the control
processor 44. Preferably, the rate determinator 38 determines the
projected speech encoding rate prior to the speech encoder completing
the speech encoding process for a given packet. In this way, control
processor 44 has ample time to evaluate the projected rate data 48 from
each of the vocoders to determine the required bandwidth.

In operation, once the required bandwidth is determined to
exceed the available bandwidth, the control processor 44 generates the
vocoder rate control signal 32 to selectively control a particular variable
rate vocoder. The vocoder rate control signal 32 informs the associated
rate determinator 38 to reduce the rate for the particular speech encoder
36 so that the speech encoder 36 can re-encode the same packet prior to
transmitting the current speech packet to the network arbitor 24. Hence,
the network arbitor 24 receives information from several vocoders and
predicts the near-term data rate requirements and compares these
requirements to the available or designated link capacity. Each variable
rate speech encoder 36 determines their encoding rate early on in the
speech encoding process. In response to the vocoder rate control signal,
the selected vocoder analyzes a current state of encoding to determine
whether re-encoding at a lower encoding rate for a current packet may
be suitably accomplished. Moreover higher data rates typically take
considerably more processing time to complete before a frame is

PCT/US98/09498
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available. Therefore, the control processor 44 is allowed time to

determine which of the vocoders is likely to afford a greater bandwidth
reduction benefit by having its encoding rate decreased to maximize the
amount of change in bandwidth.

Preferably ‘the control processor 14 determines the available
bandwidth by storing a maximum bandwidth value in a lookup table
in .membry 46. The projected rate data 48 preferably includes vocoder
identification bits indicating which vocoder is sending the information
and also includes bits representing the projected rate for that particular
vocoder. The memory 46 also includes a rate conversion lookup table
so that the control processor 44 may cross reference the received
projected rate information and determine the number of bits required
for transmission. Other suitable command and data techniques may
also be used so that a rate conversion table may not be needed. For
example, the rate determinator 38 may perform the conversion
automatically and send a bit stream indicating the number speech
sample bits that are being encoded.

It desired, rate data from the variable rate vocoders may not be
sent as feedforward projected rate data, but may be rate data sent
contemporaneously as part of a completely encoded traffic channel
speech packet 28. In other words, the variable rate vocoders may send
encoding rate data as part of the traffic channel packets. In this case, the
encoding process is complete for the speech packet and the network
arbitor 24 generates the vocoder rate control signal 32 to a selected
vocoder to Inform the selected vocoder to reduce the rate on a
subsequent speech packet from that vocoder. In this way, the network
arbitor generates the vocoder rate control signal to facilitate selective
control of the vocoder after the vocoder has completed encoding of a
packet to vary an encoding rate of a subsequent packet.

In another embodiment, feedforward data 30 may in addition
Include rate confidence level data 50 which represents a level of
confidence that the projected rate data 48 is indicative of a necessary
vocoder rate for a given speech packet. The network arbitor 24 receives
the rate confidence data 50 from each of the variable rate vocoders 34.

Having received projected rate data 48 from all of the vocoders and the
rate confidence data 50 from all of the vocoders, the network arbitor

PCT/US98/09498
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selectively controls the vocoder with a lower confidence level and
causes that vocoder to decrease its encoding rate. This method
provides an improved probability that the vocoder whose rate is being
modified is not encoding strong speech signal information. In this way
improved voice quality can be maintained with minimized
degradation to channels that require a higher encoding rate.

The confidence level cata 50 represents how definite the vocoder
rate determinator 38 is about the rate decision. The confidence level
data 50 preferably ranges from no choice to a borderline condition. For
example, the rate determinator 38 may base its estimation on the
background noise level as compared to three variable thresholds
wherein the three thresholds indicate whether to encode at full rate,
half rate, quarter rate or eighth rate. In this arrangement, the
confidence level data is based upon the difference between the
background noise level anc the selected rates lower threshold. For
example, in standard IS96A, the rate determinator determines the
encoding rate on an estimate of the background noise level Bi that is
compared to three variable thresholds (T1, T2 and T3) as shown below:

T3 = Full encoding rate
T2 = Half encocing rate
T1 = Quarter er.coding rate
under T1 = eigl :h rate.

As such, if the value of Bi ex:eeds the threshold T3, the encoding rate is
set at full rate. If T1 is exceeded but not T2, the encoding rate is set at

quarter rate and so on. Hence for IS96A, a confidence level value (CLV)

would be based upon the difference between Bi and the selected rate's

lower threshold as follows:

CLV(full rate) = function of (Bi-T3)

CLV(half rate) = function of (Bi-T2)

CLV(quarter rate) = function of (Bi-T1)

CLV(eighth rate) = function of (Bi)

The confidence level is also preferably based on the type of data

In a speech packet. For example, if the speech packet includes signaling
data from the call processing stages, preferably the rate of the signaling
Information should not be reduced from a full encoding rate because of
the risk of losing the data during transmission from the network
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arbitor. Consequently, the vocoder assigns a high confidence level to
this speech packet. It will be recognized that other confidence level
criteria may also be used.

In yet another embodiment, the variable rate vocoder 34 through
rate determinator 38, generates and transmits projected arrival time
data 52 of a speech packet to facilitate a reduction in bandwidth
requirement for the link. The projected arrival time data 52 assists the
control processor 44 in determining when the traffic channel packet 28
(encoded) will actually be available for transmission from the buffer 40.
This information facilitates in determining the time remaining before
encoding is complete. It will be recognized that the projected arrival
time data 52 may not be necessary if the control processor 44 of the
network arbitor of 24 can calculate or knows the amount of time
necessary to complete encoding of a speech packet for a particular
variable rate vocoder.

In another embodiment, the feedforward data 30 may include
signaling packet data 54 as received by network arbitor 24 from variable
rate vocoder 34. The signaling packet data 54 represents a start time of
synchronous speech packet transmission from the variable rate
vocoder to the network arbitor in a synchronous communication
system. It will be recognized however that such signaling packet data
may not be necessary in an asynchronous communication system
between the network arbitor and transcoder.

As shown in FIG. 3, the network arbitor 24 is initialized and the
conversion lookup table and maximum bandwidth value is stored in
memory 46 as indicated in block 60. The network arbitor 24 receives
projected rate data 48 from each of the variable rate vocoders 34 as
shown in block 62. With all of the projected rate data 48 from each of
the variable rate vocoders, the network arbitor 24 determines the
required link bandwidth as indicated in block 64. The determined
required link bandwidth is compared to the available link bandwidth
value stored in memory 46 as shown in block 66. If the control
processor 44 determines that the required bandwidth is exceeding the
available bandwidth as shown in block 68, the control processor 44

generafes the vocoder rate control signal 32 to selectively control the
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vocoder whose speech packet would cause the required bandwidth to
exceed the available bandwidth as shown in block 70.

. FIG. 4 shows in more detail an operation of the BSC 10. As
indicated in block 72 the network arbitor 24 evaluates the bandwidth of
link 20. The network arbitor 24 determines the maximum available
bandwidth value associated with the limited bandwidth link 20 as
shown in block 74. The maximum available bandwidth value is then
stored in memory 46 using control processor 44 as indicated in block 76.
The control processor 44 also stores the rate conversion lookup table in
memory 46 as indicated in block 78. As PCM speech information is
received into the speech encoder 36 and rate determinator 38 for each
variable rate vocoder 34, the vocoder generates the feedforward data 30
through rate determinator 38. Rate determinator 38 generates the
projected rate data 48, and/or the rate confidence level data 50, and/or
the projected arrival time 52 and if necessary, the frame start time 54.
The feed forward data 30 is received by the network arbitor 24 through
control processor 44 as shown in block 80. The control processor 44 first
converts the projected rate data 48 to a number of bits by accessing the
conversion rate lookup table from memory 46 as shown in block 82.
The converted rate data is summed by the control processor 44 to
determine the required link bandwidth as shown in block 84 the
control processor 44 then determines whether the required link
bandwidth exceeds the available link bandwidth by comparing the
required link bandwidth to the stored maximum bandwidth value as
indicated in block 86. If the required link bandwidth is not exceeding
the available bandwidth, the network arbitor transmits or outputs the
encoded traffic channel packets for that time as indicated in block 88.
When the encoded frames are sent, the process is complete for that
frame as shown in block 90.

As shown in block 92, the control processor 44 again determines
the required bandwidth and evaluates the rate confidence level data 50
as shown in block 94. Based on the rate confidence level data 50 from
each of the vocoders, the control processor 44, through the vocoder rate
control signal, commands the vocoder with the lower confidence level
to reduce its encoding rate as indicated in block 96. If more than one
vocoder must be reduced to obtain a sufficient amount of additional

PCT/US98/09498
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bandwidth, the control processor 44 sequentially commands other
vocoders in the order in which the rate confidence level data dictates.
Therefore, the network arbitor selectively controls the encoding rate of
the vocoder with the lower rate confidence level data compared to rate
confidence level data received from other of the variable rate vocoders
to decrease the encoding rate of the selected vocoder.

Knowing the projected rate for a given vocoder and knowing the
amount of required and available bandwidth, the control processor 44
determines the amount of extra bandwidth that results from the
reduction as indicated in block 100. If the required bandwidth still
exceeds the available bandwidth as indicated in block 102, the control
processor 44 generates the vocoder rate control signal 32 to command
the vocoder with the next lowest confidence level as indicated in block
96. If the required bandwidth does not exceed the available bandwidth
then the network arbitor 24 continues to evaluate the projected rate

data 48 and waits to generate a vocoder rate control signal 32 until
additional bandwidth is required.

Also, when the selected vocoder receives the vocoder rate
control signal 32, the selected vocoder determines how far along in the
current encoding process it is. If the vocoder determines it has time to
go back and re-encode at the lower rate, it performs the re-encoding
operation on the current packet by recovering the filter state resulting
from the previous frame. Lower rate frames typically take less time to
encode. They also take less time to send and hence the frame
transmission can commence later in time.

Referring to FIGS. 5 and 5.1, to carry out the above process the
control processor 44 initializes its counters and registers as indicated in
block 110. If the control processor 44 determines that a received traffic
channel packet is the first packet for a channel, the control processor 44
initializes a transmit time register by the amount of time of an end of
frame to occur plus the maximum estimated time of arrival as
indicated by the projected arrival time data 52. The internal counter is
also set to zero. This is shown in block 112. In block 114, the control
processor 44 enables the counter to continue to increment in a mod
fashion to perform circular counting as known in the art. As shown in
block 116 the control processor determines the required bandwidth by

PCT/US98/09498
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summing the bandwidth rates as determined by the projected rate data
48 for all channels. As shown in block 118 the control processor 44
determines if the required bandwidth is greater than the available
bandwidth and does not generate a vocoder rate control signal 32 if
additional bandwidth is not required as shown in block 120.

To prioritize variable rate vocoders for rate control, the network
arbitor 24 through control processor 44, evaluates the projected rate
data 48 to search the variable rate vocoders to determine which variable
rate vocoders indicate that they require encoding at full rate. The
control processor 44 also evaluates the rate confidence level data 50 and
starts with the channel associated with the counter storing the lowest
confidences for each sequential channel as indicated in block 122. The
network arbitor 24 chooses the variable rate vocoder with the lowest
confidence level at full rate as the selected variable rate vocoder.
Where no variable rate vocoders are operating at full rate, the network
arbitor 24 groups the variable rate vocoders in the next highest rate
category, such as half rate, and chooses the half rate variable rate
vocoder with the lowest confidence level as the selected variable rate
vocoder.

As shown In block 124, the control processor 44 generates the
vocoder rate control signal 32 for the selected variable rate vocoder to
ensure that the sum of all the channels is less than the available
bandwidth. Blocks 122 and 124 are further broken out into blocks 126
through 130 for clarification. As shown in block 126 when searching
the variable rate vocoders for the rate information (analyzing the rate
data in the projected rate data 48) the control processor 44 analyzes the
confidence level data 50 for the next channel in the low confidence
group previously stored from the search. The vocoder rate control
signal 32 is generated for the selected variable rate vocoder based on the
variable rate vocoder with the lowest confidence level out of the group
as shown in block 128. If the amount of rate reduction is not sufficient

to allow proper transmission of encoded data, the control processor 44
selects an additional variable rate vocoder and reduces the rate of the
additional variable rate vocoder as indicated in block 130.

As shown In FIG. 5.1, generation and transmission of the timing
for the vocoder rate control signal 32 preferably occurs prior to

PCT/US98/09498
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completion of the encoding process for the given speech packet. For
example, out of a speech frame that may be twenty milliseconds long
the encoding process for contained speech packets may vary between 5
to 15 milliseconds depending upon whether the encoding is at full rate,
half rate, quarter rate or eighth rate. The projected rate signal 48 1is
generated by the variable rate vocoder shortly after the speech encoder
36 commences the encoding process. The network arbitor 24 sends the
vocoder rate control signal 32 after receiving the projected rate signal 48
but prior to the completion of encoding so that the speech encoder 36

may re-encode the speech packet prior to being sent to the network
arbitor 24.

As such the network arbitor 24 uses the early knowledge of the
rate and expected time frame arrival as well as fixed information such
as maximum allowable data holding time to predict if its going to run
out of its limited bandwidth. The network arbitor commands the
variable rate vocoders using the feedback vocoder rate control signal, to
limit the rate of the next frame. The selected variable rate vocoder
depends on the predicted arrival time of the next frame, based on the
reception of the previous frame and time alignment. In addition, the
network arbitor commands one or more variable rate vocoders to
lower the rate of their current frame when there is sufficient time for
the variable rate vocoder to re-encode the packets. The selected
variable rate vocoder is based upon the level of confidence data.
However, to minimize disruption to a particular voice channel
commands are issued to the same variable rate vocoder in consecutive
frames only when absolutely necessary.

FIG. 6 shows yet another embodiment which is the same
embodiment as shown in FIG. 2 except for the addition of a packet
modification control signal 132 which is independently generated by
the network arbitor 134 when there is insufficient time for the speech
encoder 36 to re-encode the speech packet and the network arbitor 134
independently modifies a received speech packet from the variable rate
vocoder 34. When the network arbitor 134 modifies a speech packet by
discarding frames or bits, it communicates the information back to the

variable rate vocoder that sent the speech packet so that the variable
rate vocoder’s filter states can be updated appropriately to avoid
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divergence between the filters of variable rate vocoder and
corresponding decoder in a mobile unit. The packet modification
control signal 132 indicates whether the output encoded speech output
over the limited bandwidth link 20 was modified by the network
5 arbitor 134 prior to output. Therefore the packet modification control
‘signal 132 includes for example, channel data indicating the channel
and data indicating that the packet was discarded or that the packet was
rate reduced. The variable rate vocoder 136 receives the packet
modification control signal 132 through speech encoder 138. The
10 variable rate vocoder 136 then controls the speech encoder 138 to
modify its filters consistent with the discarding of the information.

As with network arbitor 24 in FIG. 2, the network arbitor 134
receives rate data from the plurality of variable rate vocoders 138. The
rate data may be projected rate data from feedforward data 30 or

15 contemporaneous rate data embedded in encoded traffic channel
speech packets 28. The network arbitor 134 determines the required
link bandwidth for transmission of encoded packets of speech based on
the rate data. The network arbitor 134 compares the required link
bandwidth with an available link bandwidth obtained from memory.

20  When ample time exists for the variable rate vocoder to reduce the
encoding rate of a current speech packet, the network arbitor selectively
controls the encoding rate of that variable rate vocoder in response to
the comparison through vocoder rate control signal 32.

The network arbitor then outputs the encoded speech over the

25 link. Where ample time does not exist for the selected variable rate
vocoder to vary the encoding rate, the network arbitor modifies the
output speech packet by discarding received speech packet information
from the variable rate vocoders and/or reducing speech packet rate
information by eliminating bits in the speech packet. The network

30 arbitor then generates the packet modification control signal 132 for the
selected variable rate vocoder indicating whether the output encoded
speech was modified prior to output. This is done based on the
modification. The network arbitor transmits the packet modification
control signal to control the selected variable rate vocoder, in response

35  to the packet modification control signal, when output encoded speech
was modified.
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The speech encoder 138 receives the packet modification control
signal 132 and recovers a previous speech packet that was discarded and
updates its filter state data for use in generating a subsequent speech
packet. The speech encoder 138 may use filter update techniques such
as those commensurate with IS96A, available from Electronics
Industries Association/Telecommunications Industries Association,
Engineering Publications Office, 2001 Pennsylvania Avenue,
Washington, D.C. 20006 or disclosed in U.S. Patent No. 5,519,779
assigned to instant assignee. When the modification to the speech
packet is a result of discarding a speech packet, the speech encoder 138

decays speech parameters for subsequent speech packets in response to

the packet modification control signal 132.

When the speech packet moditication resulted from reducing a
speech packet output rate, the speech encoder 138 varies a rate of
encoding for the subsequent speech packet by applying a packet
reduction method to the subsequent packet. The packet reduction
method may be of the type described in U.S. Patent No. 5,519,779,
entitled "Method and Apparatus for Inserting Signaling in a
Communication System" and assigned to instant assignee.

In yet another embodiment, if the selected variable rate vocoder
does not have sufficient time to re-encode a current speech packet, then
the variable rate vocoder continues processing at the original selected
rate and then applies a rate reduction method such as that described in
U.S. Patent No. 5,519,779 incorporated herein by reference, and updates
its filter states accordingly.

As seen, one embodiment of the disclosed invention facilitates a
reduction in bandwidth requirement by using feedforward information
of vocoder rate data to a network arbitor. The network arbitor predicts
the occurrence of bandwidth bottlenecks by calculating the short-term
data requirements and comparing them with the available capacity.
The network arbitor also determines what action should be taken if
bandwidth bottleneck is predicted. In addition, if the network arbitor
discards information or otherwise modifies a packet, on a particular
traffic channel, the network arbitor communicates the nature of the

action to the appropriate variable rate vocoder so that the variable rate
vocoder may update its filters accordingly. The system facilitates re-
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encoding at a lower rate than originally calculated by the rate
determination algorithm to reduce link bandwidth requirements.

- An embodiment of another type of bandwidth control system 1s
shown in FIGS. 7, 8 and 8.1. A communication system 140 has the same
components as the system of FIG. 6, except for the feedforward data 30
and the vocoder rate control signal 32. Hence, the system 140 does not
generate a feedback rate control signal to vary the encoding rate of the
variable rate vocoders but independently modifies packets and attempts
to maintain convergence between the encoder and decoder by
providing information back to the encoder about how output packets
were modified. The operation of the packet modification and filter
update techniques of the system 140 is identical to the packet

modification and filter update techniques as described with reference to
the system of FIG. 6.

Accordingly, the system 140 includes a network arbitor 142 which
communicates with the transcoder 144. The transcoder 144 includes a
number of vocoders generally indicated at 146 with each vocoder
having a speech encoder 14¢€ and a rate determinator 150. The network
arbitor 142 also includes a control processor 152 which generates a
packet modification control signal for a selected variable rate vocoder
146 indicating whether outputted encoded speech on link 20 was
modified prior to output. Each vocoder controls its internal filters in
response to the packet modification control signal when outputted
encoded speech from that speech encoder was modified by the network
arbitor 142 in the same way as previously described with reference to
FIG. 6. Preferably, the network arbitor 142, through control processor
152, generates the packet modification control signal 154 based on the
modification of speech packets resulting from the network arbitor 142
discarding a speech packet and/or reducing a speech packet rate by
reducing the number of bits in a speech packet prior to output on the
limited bandwidth link 20.

The network arbitor 142 may take the independent action of
modifying a speech packet ,such as discarding speech packet
information or reducing a speech packet rate when it determines from
the channel packet data 28 that the amount of information will exceed
the limited bandwidth of link 20. The determination of whether a
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bottleneck will occur may be determined as with conventional network
arbitors. However, in contrast with conventional network arbitors the
network arbitor 142 sends back the packet modification information via
packet modification control signal 154 to the speech encoder whose
packet was discarded or whose speech packet rate was reduced when
output over the link 20. In this way, the encoder controlled by the base
station controller and the decoder in the mobile subscriber unit can
maintain similar filter states to prevent divergence of filtering
processing during a call.

In operation, the system 140 receives encoded speech packets 28
from the plurality of variable rate vocoders 148 and determines a
required link bandwidth for transmission of encoded packets of voice
based on the received encoded speech packets. The network arbitor 142
compares the required link bandwidth with an available link
bandwidth and outputs encoded speech over the link 20. When the
network arbitor 142 compares the required link bandwidth with the
available link bandwidth and finds that the required link bandwidth
exceeds the available link bandwidth, the network arbitor 142 discards
the required number of speech packets or reduces the speech packet rate
for a particular speech packet to ensure that there is sufficient
bandwidth for the output encoded speech on link 20.

When modification to a speech packet occurs, the network
arbitor 142 generates the packet modification control signal 154 for a
selected variable rate vocoder 148 whose speech packet was modified.
In contrast to conventional communication systems, speech coders

typically do not know whether the encoded speech was actually
transmitted and decoded by a decoder, however in the instant
Invention the information indicative that the encoded speech packet
was not communicated over the link is sent back to the speech encoder
so that the speech encoder may make corresponding changes to its filter
states for the subsequent speech packets encoded for that channel. The
Independent control of the network arbitor to discard or modify speech
packet information rate helps to maintain the historical compatibility
between speech encoder and corresponding decoder for a channel
whose receiving the speech packet from that encoder.
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FIGS. 8 and 8.1 show the operation of the system 140 starting in
block 160 where speech encoder 148 encodes a speech packet and
transmits the packet through link 28 to buffer 40. The speech encoder
148 also stores in its memory, a backup representation of the filter states
for a transmitted speech packet and the speech packet itself as indicated
in block 162. As shown in block 164, speech encoder 148 generates a
new speech packet and updates its filter states accordingly as show in
block 146. The speech encoder then sends the speech packet to the
network arbitor 142 as shown in block 168.

Next, the network arbitor 142 through control processor 152
determines whether or not there is an available bandwidth to output
the speech packet without modification as indicated in block 170. If no
modification to a speech packet is necessary, the network arbitor 142
transmits (outputs) the speech packet over limited bandwidth link 20 as
shown in block 172. If the speech packet can not be output due to
limited bandwidth, the network arbitor 142 takes independent action
and modifies the speech packet as indicated in block 174. The speech
packet may be modified for example by discarding the packet or
reducing the transmission rate of the speech packet by reducing the
packet size. Once a modification to a given speech packet has occurred,
the network arbitor 142 generates and sends the packet modification
control signal 154 to a selected vocoder corresponding to the vocoder
whose speech packet was modified as shown in block 176.

The packet modification control signal 154 may be a bit stream
containing bits representing a vocoder and bits representing a speech
packet so that a single packet modification control signal 154 may be
sent to all vocoders but each vocoder determines whether or not the
modified speech packet was encoded by it based on the vocoder
identification data. It will be recognized by those of ordinary skill in the
art that any suitable data command structure may be used for the packet
modification control signal. The data in the packet modification
control signal 154 indicates whether the network arbitor 142 discarded
the speech packet or reduced the packet size independently.

As shown iIn block 178, if the network arbitor 142 modified a
speech packet by discarding a speech packet, the vocoder whose speech

packet was modified recovers the previous speech packet as shown in
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block 180. The vocoder then decays the speech parameters for the
previous speech packet (performs eraser handling) as shown in block
182. This may be done in accordance with vocoder specifications set
forth in IS96A. The vocoder then has the speech encoder update the
filter states to reflect the decayed speech parameters as indicated in
block 184. This process is repeated as needed for each speech packet that
has been discarded as shown in block 186. By updating the filters by
decaying the speech parameters and updating the filter states
accordingly, the speech encoder is kept at a similar filter state as the
decoder receiving speech packet information, thereby keeping the
historical filter information relatively consistent between the encoder
and decoder.

If the network arbitor 142 modified a speech packet by reducing
the speech rate or reducing the packet size as shown in block 188, the
vocoder whose speech packet was reduced in size recovers the previous
speech packet as shown in block 190. The vocoder then applies a packet
reduction algorithm for subsequent packets as shown in block 192. The
packet reduction method may be of the type described in U.S. Patent
No. 5,519,779, entitled "Method and Apparatus for Inserting Signaling
In a Communication System" and assigned to instant assignee or other
suitable technique. The vocoder then updates the filter states according
to the packet reduction algorithm as shown in block 194 and the packet
reduction algorithm is repeated for each packet whose rate has been
reduced by the network arbitor 142 as shown in block 196. Again, in
this way the subsequent speech packets encoded by a selected speech
encoder will more closely represent the speech packet information
received by the corresponding decoder at the mobile subscriber unit.
Referring back to block 188, if the network arbitor did not reduce the
packet size independently, the vocoder considers other independent
actions as indicated in block 198 that had been taken by the network

~ arbitor. The other independent actions are identified in the data of the

packet modification control signal and include discarding, rate
reduction, a combination thereof or other independent actions which
may be so defined depending upon the desired implementation.

In summary, the notified variable rate vocoder recovers a
previous speech packet that was discarded and updates filter state data
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L

for use in generating a subsequent speech packet. When speech packets
are discarded, the selected vocoder decays speech parameters for use in
generating subsequent speech packets, in response to the packet
modification control signal. When the network arbitor varies the
5 output rate of a speech packet, the selected vocoder varies a rate of
encoding for the subsequent speech packet, in response to the packet
modification control signal.
It should be understood that the implementation of other
variations and modifications of the invention in its various aspects
10  will be apparent to those of ordinary skill in the art, and that the
invention is not limited by the specific embodiments described.
Although described with particular reference to a cellular CDMA
radiotelephone system, the invention may be applicable to other audio
related systems. Therefore the term speech packet used here includes

15 any audio signal even if not speech. Also, the network arbitor and
vocoders may be at different locations or multiplexed with other

network arbitors or sets of vocoders. It is therefore contemplated to
cover by the present invention, any and all modifications, variations,
or equivalents that fall within the spirit and scope of the basic
20  underlying principles disclosed and claimed herein.
What we claim is:
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CLAIMS

1. A method of controlling speech encoding in a communication
system, the method comprising the steps of:

receiving encoded speech packets from a plurality of variable rate
vocoders; -

determining a required link bandwidth for transmission of encoded
packets of voice based on the received encoded speech packets;

comparing the required link bandwidth with an available link
bandwidth;

outputting encoded speech over a link;

generating a packet modification control signal for a selected
variable rate vocoder indicating whether the output encoded speech was
modified prior to output; and

controlling the selected vocoder, in response to the packet
modification control signal, when output encoded speech was modified.

2. The method of claim 1 wherein the step of generating the packet
modification control signal is based on a modification resulting from
discarding speech packet information and/or reducing speech packet
information rate.

3. The method of claim 2 wherein the step of controlling includes
either: |
- recovering a previous speech packet that was discarded and
updating filter state data for use in generating a subsequent speech packet;

facilitating decaying of speech parameters for use in generating
subsequent speech packets, in response to the packet modification control
signal, when the modification resulted from discarding speech encoded
information; or

varying a rate of encoding for the subsequent speech packet, in
response to the packet modification control signal, when the modification
resulted from reducing a speech packet output rate.
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4. The method of claim 3 wherein the step of controlling further
includes applying a packet reduction method for-a subsequent packet,
when the modification resulted from reducing a speech packet output
rate.

5. A system for controlling speech encoding in a communication
system comprising: i

means for receiving encoded speech packets from a plurality of
variable rate vocoders;

means for determining a required link bandwidth for transmission
of encoded packets of voice based on the received encoded speech
packets;

means for comparing the required link bandwidth with an
available link bandwidth;

means for outputting encoded speech over a link;

means, responsive to the output encoded speech, for generating a
packet modification control signal for a selected variable rate vocoder
indicating whether the output encoded speech was modified prior to
output; and

means, responsive to the packet modification control signal, for
controlling the selected vocoder when output encoded speech was

modified.

6. The system of claim 5 wherein the means for generating the packet
modification control signal generates the packet modification control
signal based on a modification resulting from discarding speech packet
information and/or reducing speech packet information rate.

7. The system of claim 6 wherein the means for controlling facilitates
recovery of a speech packet corresponding to a speech packet that was
discarded and updates filter state data for use in generating a subsequent
speech packet.
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8. The system of claim 7 wherein the means for controlling facilitates
decaying of speech parameters for use in generating subsequent speech
packets, in response to the packet modification control signal when the
modification resulted from discarding speech encoded information.

9. The system of claim 6 wherein the means for controlling varies a
rate of encoding for the subsequent speech packet, in response to the
packet modification control 51gna1 when the modification resulted from
reducing speech packet output rate.

10. The system of claim 8 wherein the communication system is a
CDMA system and a network arbiter generates the packet modification
control signal for the selected variable rate vocoder indicating whether the
output encoded speech was modified prior to output.

AMENDED SHEET
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