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Reducing Perceived Effects of Non-Voice Data in Digital
Speech

TECHNICALFIELD

This description relates generally to processing of digital speech.

BACKGROUND

Modern voice communications such as mobile radio and cellular telephony transmit
voice as digital data, and 10 many cases where transnussion bandwidth 1s limted, the voice
data 18 compressed by a vocoder to reduce the data that must be transmutied. Sunularly, voice
recording and storage applications may also use digital voice data with a vocoder to reduce
the amount of data that must be stored per unit time. In either case, the analog voice signal
from a microphone is converted into a digital waveform using an Analog-to-BDigital converter
to produce a sequence of voice samples. In traditional telephony applications, speech is
limited to 3-4 kHz of bandwidth and a sample rate of & kHz 15 used. In higher bandwidth
apphications, a corresponding higher sampling rate (such as 16 kHz or 32 kHz) may be used.
The digial voice signal {1.¢., the sequence of voice samples) is processed by the vocoder to
reduce the overall amount of voice data. For example, a voice signal that is sampled at 8 kHz
with 16 bits per sample results in a total voice data rate of 8,000 x 16 = 128,000 bits per
second (bps}, and a vocoder can be used to reduce the bit rate of this voice signal to rates of
2,000-8 000 bps (1.e., where 2,000 bps 15 a compression ratio of 64 and 8000 bps is a
compression rate of 16} being achievable while still maintaining reasonable voice quality and
mtelligibility. Such large compression ratios are due to the large amount of redundancy
within the voice signal and the inability of the ear to discern certain types of distortion. The
result 15 that the vocoder forms a vital part of most modern voice communications systems
where the reduction in data rate conserves precious RF spectrum and provides economic
benefits to both service providers and users.

Vocoders are employed by digital moobile radio systems including P25, dPMR, DMR,
and TETRA, where a low bit rate vocoder, typically operating between 2-5 kbps, 15 used.
For example, in P25 radio systems, a dual-rate vocoder operating at 2450 or 4400 bps (not
meluding error condrol bits) 15 used, while in DMR the vocoder operates at 2450 bps. In

these and other radio systems, the vocoder s hased on the Multiband Excitation (MBE)
-l
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speech model and vanants include the IMBE, AMBE and AMBE+2 vocoders. TIA standard
docement 102BABA including the Half Rate Vocoder Annex describes a dual rate vocoder
used in P25, While newer versions of this vocoder containing various additional features and
enhancements have been developed and are in use in newer radio equipment, the IMBE
vocoder described in TIA 102BABA s dlustrative of the type of vocoder used in the systems
described below. Other details of MBE vocoders are discussed in U.S. Patent Nos. 7,970,606
(“Interoperable Vocoder”) and §,359,197 (“Half-rate Vocoder”), both of which are
mcorporated by reference.

That vocoder 15 divided mto two primary functions: (1) an encoder that converts an
mnput sequence of voice samples into a low-rate voice bit stream; and (11) a decoder that
reverses the encoding process and converts the low-rate voice bit stream back into a sequence
of voice samples that are suitable for playback via a digital-to-analog converter and a
loudspeaker.

As digital mobile radio systems continue to grow and evolve, there 1s mcreasing need
to support new features and functions that are beyond what 1s supported by the auxiliary data
capability of the current systems. For exarmple, public safety users have a need to send
location and other data that was not provided for at the time the radio systems were designed
and/or standardized. Furthermore, this data must be sent while voice cornmunication 3
ongomg so simply switching off the voice data for location or other non-voice data s not an
option. The need to provide this additional non-voice data is complicated by the large
msialled base of digital radio equipment already m the field that must continue to be
supported ~- preferably with no change. Consequently, there 15 a critical need for ways to
simultaneously send voice and non-voice data while remaimng backward compatible with
existing digital radio systemss and equipment. Furthermore, this must be done while
maintaining voice quality and mtelligibility and without interfering with or degrading
existing radio functions and features.

Prior approaches to sending non-voice data during voice communications have
required coordination between the transmitier and receiver. To properly recover the non-
voice data from the transmitted bit stream, the receiver had o know when the non-voice data
would be transmitted. In one such method, as described in US Patent 9,232 376 B2, the

transmitter and receiver first coordinate a schedule for sending the data across a radio air
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interface. This approach employs additional signaling bits to perform the coordination,
typically in the form of new Link Control messages or via other signaling fields outside of
the voice frames. In addition, this coordimation requires both the encoder and decoder to be
modified such that they each know 1n advance the specifics of the schedules, such as their
predefined beginning and ending points, and the particular bits or fields that will be replaced
with non-data. This method does not address the effect on the large number of existing
legacy {(1e, unmodified) decoders that may recetve a bit stream where voice frames have
been replaced with non-voice data. Typically, a legacy decoder that receives such a bit
stream will designate some fraction of these replaced voice frames as valid and these will
then be used by the legacy decoder to produce an output voice signal. However, since these
replaced votce frames do not actually contain valid voice bits, the result can produce large
“squawks” or other distortion in the output voice signal that can be readily perceived by a

{istener.

SUMMARY

Techniques are provided for selectively embedding non-voice data into the low-rate
voice bit stream in a P25, DMR, dPMR, NXDN or other digital mobile radio system. The
technmiques feature the ability to replace the majority of the bits within a voice frame while
remaining backward compatible with existing recewvers, and without significantly degrading
voice quality or intelligibility. The technigues use the voice bit stream nstead of other
auxthary data fields so that they do not interfere with or degrade exusting radio functions and
features.

In one general aspect, embedding non-voice data 1 a voice bif stream that includes
frames of voice bits, includes selecting a frame of voice bits to carry the non-voice data;
placing non-voice wdentifier bits n a first portion of the voice bits 1o the selected frame; and
placing the non-voice data 1o a second portion of the voice bits in the selected frame. The
non-voice identifier bits are emploved to reduce a perceived effect of the non-voice data on
audible speech produced from the voice it stream.

Implementations may mclude one or more of the following featares. For example,

the first portion of voice bits n the selected frame may inchude voice bits used to represent
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the gain, level or amplitude of the frame, and the non-voice identifier bits may carry
information corresponding to a low level voice signal. In particular, the frames of voice bits
may represent MBE speech model parameters, and the first portion of voice bits in the
selected frame may include voice bits used to represent the fundamental frequency or pitch
period of the frame, and the non-voice identifier bits may carry information corresponding to
a short pitch period. The second portion of the voice bits in the selected frame may include
voice bits used to represent spectral magnitudes or V/UV decisions.

The non-voice data may mnclude location or position data, such as longitude, latitude
or altitude information.

Selecting the frame of voice bits to carry the non-voice data may include comparing
speech parameters for the frame to speech parameters for a preceding frame to produce a
roeasure of similarity between the speech parameters for the frame and the preceding frame,
and selecting the frame of voice bits 1o carry the non-voice data when the measure of
suntlarity satisfies a threshold condition. The measure of sumilanty may constitute a distance
measure between the spectral magnitudes of the frame and the spectral magnitudes of the
preceding frame. The threshold condition may change based on a tiroe interval between the
frame and an earhier frame selected to carry non-voice data.

The non-voice identifier bits carry information corresponding to an invalid voice
frame. The speech parameters for the frame may mnchide MBE speech model parameters, the
first portion of voice bits in the selected frames may include voice bits used to represent the
fundamental frequency or piich period of the frame, and the second portion of the voice bits
m the selected frame may nclude voice bits used to represent the spectral magnitudes or
vowcing decistons. (Quantizer state information for the MBE speech model parameters 1s not
updated duning frames i which the non-voice identifier bits carry mformation corresponding
to an invalid voice frame.

In another general aspect, embedding non-voice data into a voice bit stream includes
selecting a frames of voice bits to carry the non-voice data; and replacing at least a portion of
the voice bits in the selected frame with non-voice data. The replacement causes the selected
frame to be identified as an mmvalid voice frame, and quantizer state information associated
with the voice bit stream 1s not updated for the selected frame.

Implementations may include one or more the features noted above.

-4
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The techniques for embedding non-voice data discussed above may be implemented
by a speech encoder. The speech encoder may be included in, for example, a handset, a
maobtle radio, a base station or a console.

In another general aspect, recovering non-voice data from a voice bit stream includes
comparing voice bits in a first portion of a frame against one or more predetermined patterns
of non-voice identifier bits, and recovering non-voice data from a second portion of the
frame when one of the predetermined patterns of non-voice identifier bits 1s detected. The
predetermined patterns of non-voice wdentifier bits reduce the perceived effect of the non-
voice data on audible speech produced based on the voice bit stream.

Implementations may include one or more of the following features. For example,
the first portion of voice bits in the selected frames include voice bits used to represent a
gamn, level or amphitude of the frame, and at least one of the predetermuned patterns carry
mformation corresponding to a voice signal with a low gain, level or amplitude. One or more
frames contaimung non-voice data may be decoded to produce a voice signal with a low gain,
level or amplitude, where a perceived effect of the non-voice data on audible speech
produced using the voice signal 15 lowered by the low gain, level or amplitude of the voice
signal.

The frames of voice bits may represent MBE speech model parameters, and the first
portion of voice bits 1n the selected frames may melude voice bits used to represent the
fundamental frequency or pitch pertod of the frame and the second portion of the voice bits
m the selected frames may inchude voice bits used to represent the spectral magnitudes and/or
V/UV decistons. At least one of the predeternuned patterns may carry information
corresponding to an mvahid voice frame, where the perceived effect of the non-voice data on
the voice bit stream 13 reduced by repeating parameters decoded for a prior frame and not
updating quantizer state information associated with the voice bit stream when an imvakhid
voice frame is detected. The second portion of the voice bits 1n the selected frames may
mclude voice bits used to represent the spectral magnitudes or voicing decisions.

The non-voice data may nclude additional error control bits used in the recovery of
the non-voice data from the second portion of the frame.

In another general aspect, recovering non-voice data from a voice bit stream used to

produce a sequence of voice parameters used to generate audible speech mcludes decoding a
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frame of bits o produce voice parameters using a voice decoding method that employs
quantizer state information and determining validity of the frame from the voice parameters.
Upon determuining that the frame is invahd, non-voice data is recovered from the frame, voice
parameters decoded from a prior frame are repeated in the sequence of voice parameters, and
the quantizer state information for the frame 15 not updated.

Decoding the frame of bits may include using error conirol decoding, and
determining the validity of the frame may include computing a measure of the number of bit
errors in the frame and comparing a measure of the number of bit errors in the frame against
a threshold.

Recovering non-voice data from the frame may include decoding the frame of bits
using a non-voice decoding method that includes error control decoding that 15 different from
the error control decoding included in the voice decoding method. For example, the voice
decoding method may nclude error control decoding using Golay or Haroming codes, and
the non-voice decoding method may mclude error control decoding using a convolutional
code,

The non-voice decoding method meludes error control decoding using an error
detecting code such as a CRC or checksum.

The techniques for recovering non-voice data discussed above may be woplemented
by a speech decoder. The speech decoder may be incloded in, for example, a handset, a
mobile radio, a base station or a console.

Other features will be apparent from the folowing description, including the

drawings, and the claims,

DESCRIPTION OF BRAWINGS
FIG. 1 15 a block diagram of a radio comumunications system.
FIG. 2 18 a block diagram of a data-enabled device.
FIGS. 3A and 3B are a frame strocture (FIG. 3A} and data packet example (FIG. 3B}
for an example of a full rate voice frame.
FIGS. 4A and 4B are a frame strocture (FIG. 4A} and data packet example (FIG. 4B}
for an example of a half rate voice frame.

FIGK. 5 and 7 are flow charts showing operation of a daia-enabled encoder.

-y —
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FiG. 615 a flow chart showing operation of a data-enabled decoder.

FIGS. BA-11B illustrate data packet structures.

DETAILED DESCRIPTION

Referring to FIG. 1, a digital mobile radio communication system 100 includes data-
enabled handsets 105, legacy handsets 110, data-enabled base stations 1135, and legacy base
stations 120, all of which can communicate voice data with one anocther through one or more
radio voice channels. Upon receipt of voice data, the data-enabled handsets 105, the legacy
handsets 110, the data-enabled base stations 1135, and the legacy base stations 120 convert the
voice data inio audible speech produced by corresponding loudspeakers. In addition to
transmitting voice data, the data-enabled handsets 105 and the data-enabled base stations 1135
may transmit additional non-voice data by embedding the non-voice data into the voice data
n a way that does not significantly degrade the voice quality or intelligibility of the audible
speech produced by data-enabled handsets 105 and data-enabled base stations 115, or that of
the audible speech produce by legacy handsets 110 and legacy base stations 120.

The techniques for selectively embedding non-voice data into a low-rate voice bit
streaim are implemented by a data-enabled vocoder that s divided into a data-enabled
encoder which functions at the transmitting side of a communication system and a data-
enabled decoder which functions at the recerving side of a communication system.
Communications equipment such as a radio or telephone may include both the encoder and
decoder functions with either or both operating simultaneously (1.e, a full-duplex device
such as a telephone), or only one operating at a time depending on the direction of
connunication {1.¢., a half-duplex device as a radio or wallae-talkie). References to a data-
enabled encoder and decoder are meant to wentify a new encoder and decoder that has the
ability to send non-voice data as part of the voice bit stream, and 18 meant to distinguish them
from the legacy (1.¢., older) encoder and decoder used mn existing equipment that do not have
data capability as described herein.

For the purposes of this description, “non-voice” data is a generic label referring to
any data originating outside the primary vocoder in the system. While GPS or other location

mformation 1s referenced below as an example of the non-voice data, the techmques are not



B
[43]

CA 03227804 2024-01-29

WO 2023/010028 PCT/US2022/074176

restricted to just this data. Indeed, non-voice data could be any type of data {including other
voice data ancillary to the primary voice bit stream).

Referring to FIG. 2, a data-enabled device 200 (such as a data-enabled handset 105 or
a data-enabled base station 115) includes a microphone 205, one or more sensors 210, a
display 2135, a loudspeaker 220, a data-enabled vocoder 2235, a transmitter 230, and a receiver
235. For example, the sensors 210 may include a GPS sensor that determines the location of
the device 200, and the display 215 may display the location of the device 200 and the
locations of other data-enabled devices. The data-enabled vocoder 225 mcludes a data-
enabled encoder 240 that encodes speech received through the microphone 205 for
transmission using the transmitter 230, and a data-enabled decoder 245 that decodes speech
data received by the recetver 235, The data-enabled vocoder 225 may be a MBE vocoder.

In more detail, the device 200 samples analog speech from the microphone 205, and
an analog-to-digital (“A-to-D") converter 250 digitizes the sampled speech to produce a
digital speech signal. The encoder 240 processes the digital speech to produce a digital bit
strearn 255 sutable for transmission by the transnutter 230 The encoder 240 also receives
non-voice data 260 from the one or more sensors 210 and mncorporates that data into the
digital bit stream 255 11 a way that the voice quality or mtelhigibility of the audible speech
produced from the digital bit stream 255 1s not significantly degraded, regardless of whether
the digital bt stream 255 1s received by a data-enabled device or a legacy device that
produces audible speech corresponding to the digital bit stream.

Similarly, the decoder 245 receives a bit stream 265 from the receiver 235 and
processes the bit stream 263 1o produce synthesized speech samples that a digital-to-analog
{“D-~t0-A”) converter 270 then converts to an analog signal that can be passed to the
loudspeaker 220 for conversion mto an acoustic signal suitable for human histening. When
the bit stream 265 inchides additional data added by a data-enabled device, the decoder 245
extracts the data and provides a data stream 275 for use by the device 200, For example, as
noted above, the data stream 275 may include the location of the data-enabled device that
sent the signal corresponding to the bit stream 265, and the device 200 may display that
location on the display 215

In a digiial mobile radio apphication, such as that used by the system 100, the low-rate

veoice bit stream typically includes additional error control bits that increase the total data rate

-8 -
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from the voice data rate of 2450 or 4000 bps up to a voice channel data rate 3600 or 7200
bps, respectively. The additional error control bits in P25 and DMR radios are in form of
Golay and Hamming codes as shown in FIG. 3A for a Full-Rate vocoder and FIG. 4A fora
Half-Rate vocoder. However, other forms of coding such as convolutional codes or turbo
codes also may be used. The function of error correction codes 1s to allow the receiver to
correct and/or detect certain bit errors that may be introduced into the received bit stream due
to channel noise or other sources of error. This increases the reliability of communication
across a radio channel.

The encoder may function as described in TIA 102BABA to process sets of
overlapping voice samples to produce a frame of voice bits every 20 ms (i.e, at a SO Hz
frame rate}). Two different modes of operation may be used: a Full-Rate mode and a Half-
Rate mode. o the Full-Rate mode {as illustrated 10 FIGS. 3A and 3B), the frame consists of
88 voice bits, while i the Half-Rate mode (as illustrated wn FIGS. 4A and 4B), the frame
consists of 49 voice bits {or less if optional bit stealing 15 used), where for each voice frame,
the bits are allocated between various MBE parameters as shown 1n Table 1A for Fuli-Rate
and Table 1B for Halt-Rate. MBE parameters mclude a fundamental frequency parameter
that represents the pitch period of the frame, a set of voiced/unvoiced (V/UV} decisions
representing the voicing state m ditferent frequency bands, a gain parameter that represents
the level or aroplitude of the frame, and a set of spectral magnitudes that represent the

spectral envelope of the speech in the frame.

MBE Parameter # of Bits GQuantizer Valus
Fundamental Frequency ] $o

FUV Decisions K =13,12] &
Gain 6 &,
Spectral Magnitudes 73-K 8354 5
Reserved 1 Bia
Total Voice Bits / Frame 88

Table 1A: Full-Rate Voice Frame Bit Allocation
-9
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MBE Parameter # of Bits Quantizer Value
Fundamental Frequency 7 R
Y/UV Decisions 5 &
Gain g &
Spectral Magnitudes 32 o b B
Total Voice Bits / Frame 48

Table 1B Half-Rate Vowe Frame Bit Allocation

For each MBE parameter, a quantizer 1s used to map the value of the parameter as
estimated by the encoder into a quantizer value including the number of bits shown 11 Tables
1A and IB. For example, in the Full-Rate vocoder, the fundamental frequency parameter is

assigned & bits and 1s represented by the 8 bit quantizer value §o carrying the information on

the quantized value of the fundamental frequency for a voice frame. Thus process s repeated
for each parameter i the voice frame to produce a frame of voice bits totaling 88 bats for
Full-Rate and 49 bits for Half-Rate. Note that for Fuli-Rate, as shown m Table 1A, &
variable number of bits, K in the range 3 <K <12, 15 used to guantize the voicing decisions
leaving {73-K) bits to quantize the L spectral magnitudes, where 9 <L <56 In Half-Rate, as
shown in Table 1B, a fixed number of bits 15 used to quantize each of the MBE parameters.

The output structure for each Full-Rate voice frame is shown i FIG. 3B and 18
produced by mapping the quantizer values for the frame, inchuding a total of &8 bits, mioa
set of eight bit vectors, denoted as (o 1 {2 Uz {i4 85 85 (7. Note that FIG. 3B assumes that
k=0 and L=16, and that the output structure 18 similar for other values of K and L as
described in TIA 102BABA. The eight bit vectors produced 1o this manner then may be
combined with additional error correction bits in the form of Golay and Hamnuing codes,
which increases the frame size to 144 buts. In the Full-Rate vocoder, frames are produced
every 20ms resulting 10 an output bit stream at 7200 bps.

Sunilarly, the output structure for each Half~Rate voice frame 1s shown n FIG. 4B
and 1s produced by mapping the quantizer values for the frame, comprising a total of 49 bits,

into a set of four bit vectors, denoted as (o U1 iz 0is. The four bit vectors produced in this

- 10—
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manner then may be combined with additional error correction bits in the form of Golay
codes, which increases the frame size to 72 bits. In the Half-Raie vocoder, frames are
produced every 20ms resulting in an output bit stream at 3600 bps.

The decoder described in TIA 102BABA reverses the processing of the encoder. The
decoder receives a low-rate voice bit stream at 7200 bps or 3600 bps depending on its mode
of operation, and segments this bit stream into individual voice frames. When error
correction coding has been employed, the decoder corrects and/or detects bit errors using the
additional error correction bits and then reconstructs the MBE parameters for each frame.
The MBE parameters are used to produce a 20 ms sequence of decoded voice samples that
are output from the decoder for eventual presentation to a histener via a Digital-to-Analog
Converter and a loudspeaker.

As part of the bit error correction and detection processing, the decoder may
determine whether a frame is too corrupted for use (1., the frame 15 lost). Thas
determination may be based on the number of errors detected in the frame or because ove or
more of the recerved parameter values has a disallowed value, When a lost frame 5
identified, the decoder performs a frame repeat, which replaces the MBE pararseters for the
current frare with those from a previous frame that was not corrupted. This frame repeat
processing nutigates the effect of the corrupted frame on the decoded voice.

The above description summarizes the operation of the vocoder n a digital mobile
radio system such as 15 used 10 P25, DMR, dPMR and NXDN. In these systems, the low-rate
voice bit stream as produced by the encoder 1s combined with auxiliary data within a
transmitting radio or other device and sent to a receiving radio or other device. The awaliary
data typically includes header, 1D, control and synchromzation data as well as other data
fields that may be used for user or system specific functions and features. More nformation
on digital mobile radio operation, auxiliary data and features can be found in the standard
documents for the respective systems.

In the system 100, coordination is not required between the data-enabled vocoder of
one device and the data-enabled vocoder of another device. Instead, placement of non-voice
data within a voice frame 1s performed in a manner that can be detected by a data-enabled
decoder without reliance on a communicated schedule or other timing information and

without requiring any signaling between the encoder and decoder outside of the voice frame
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itself. The placement of non-voice data without reference to a schedule enables the data-
enabled encoder to best place the data to preserve voice quality without increasing delay.

Referring again to FIG 2, and referring also to FIG 5, the data-enabled encoder 240
processes the non-voice data 260 according to a process 500, Initially, the encoder 240
recetves the non-voice data 260 from the one or more sensors 210 {step 505) and stores the
non-voice data in a queue for subsequent fransmission {step 510). Prior to transmission, the
encoder 240 may supplement the non-voice data with additional error correction data for
added rehiability {step 515} The data-enabled encoder 240 then selects one or more voice
frames to carry the non-voice data {step 520}, and then inserts non-voice data from the queue
and any additional error correction data in place of a substantial portion of the voice bis for
the selected frame (step 3235} The encoder 240 then outputs the resulting frame containing
the non-voice data as part of a low-rate voice bit stream suitable for transmission over a radio
or other communication link {step 530). In one implementation, placement of non-voice data
nto a selected voice frame 15 divided into a first portion of the frame nto which non-voice
wdentifier bits are placed, followed by a second portion of the frame 1nto which the non-~-voice
data from the gueue along with any additional error correction or other data 1s placed. The
non-voice identifier bits may be predeternined and known by the data-enabled encoders and
data-enabled decoders of all data-enabled devices. A data-enabled decoder can then check
each frame tn a received bit stream for the known non-voice identifier bits to determine
which frames contain non-voice data. The location and value of the non-voice wdentifier bits
can be set such that they reduce the perceived effect of the non-voice data on the voice bit
stream thereby mamntaiming voice quality even when the non-voice data 13 received by a
legacy decoder without data capability. This allows new transmitters employing a data-
enabled encoder to be backward compatible with existing receivers employing a legacy
decoder.

Multiple approaches may be used for the selection of voice frames to carry the non-
voice data. One approach involves analyzing the digital voice signal input to the encoder and
selecting voice frames that have a lower effect on voice quality. These may include voice
frames that are virtually inaudible because of their low level, or voice frames that are
redundant because they have a high degree of similarity with preceding frames. Another

selection approach may be based on the priority of the data. For example, if an urgent data
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message must be sent within a certain amount of time, then the selection may mcorporate this
constraint while doing s¢ in a way that minimizes negative impacts on the resulting voice
quality. In some communication systems, certain periods of the voice channel may be
unused and these can be selected to carry non-voice data without having any impact on voice
conununications. An example of this is in the final logical data units (LDUs) atthe end of a
push-to-talk burst in a P25 Phase | (FDMA) radio system, which often contain voice frames
that are “filled” with low level signals to complete the nine voice frames that comprise an
LDU. These fill frames can be selected to carry non-voice data with no adverse effect on
voice quality.

Referring to FIG 6, the data-enabled decoder 245 operates to process non-voice data
according to a procedure 600, Tnitially, the decoder 245 recetves a low-rate voice bit stream
which may have been transmitted over a radio or other coromunication link {step 605}, and
segments the bit stream nto mdividual voice frames (step 610}, When error correction has
been employed, the decoder corrects and/or detects bit errors using the additional error
correction buts included in the but stream (step 615} Next, the decoder detects voice frames
containing non-voice data that have been added to the bit stream using the techniques
described above (step 620). When non-~voice data is detected, the decoder outputs the non-
voice data (step 625) and also generates voice samples 1o represent a frame including non-
voice data (step 630} by performing a frame repeat or other form of lost frame processing on
voige frames which are identified as containing non-voice data. When non-voice data 13 not
detected, the decoder voice samples from the frame (step 635).

In addition to non-voice data input from outside the vocoder, other data may be sent
between the data-enabled encoder and decoder. This other data may mclude additional error
correction data to reduce bit ervors that may occur during transmussion. Other data also may
include packet type data to allow different forms or segments of non-voice data to be
intermixed within the same bit stream, or reserved bits that are included for possible future
use.

In the standard vocoder described in TIA 102BABA the encoder quantizes the
fundamental frequency parameter which s the inverse of the pitch period using 7 or 8 bits
depending on the mode of operation, where Half-Rate mode (used in P25 Phase 2 TDBMA,

DMR, dPMR and NXDN) uses 7 bits and Full-Rate mode (used in P25 Phase 1 FDMA) uses
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8 its. In either case, the standard specifies that one or more of the quantized values
representing the fundamental frequency are reserved and not used by the encoder in the
existing system. A decoder that receives one of these reserved values knows that the
reserved value s disallowed and hence the recerved voice frame is invalid. The decoder wiil
ignore the remaining bits within such an mvalid frame, and will perform a frame repeat using
the last valid frame that the decoder recetved. This feature in the vocoder allows the
remaining bits 1n the voice frame to be used for other purposes, such as, for example,
carrying non-voice data.

A data-enabled encoder may use one or more of these reserved fundamental
frequency values as an wdentifier to signal that a voice frame contains non-voice data, and
then may place non-voice data in the remaining parts of the frame. A data-enabled decoder
roay recognize this reserved fundamental frequency value as identifving that the remaining
bits in the voice frame contain non-voice data and then extract the non-voice data from the
remaining parts of the frame. Detection at the decoder of the reserved fundamental
frequency value causes the associated frame to be declared 1ovalid and a frame repeat to be
performed. Furthermore, such detection by a data-enabled decoder will cause the data-
enabled decoder to output the non-veice data to the location or other non-voice service.
While a legacy decoder will not understand the meaning of the non-voice data, the legacy
decoder will detect the frame as invahd and consequently perform a frame repeat as n a data-
enabled decoder. This ability of a legacy decoder to 1ignore the non-voice data lowers the
percetved effect of the non-voice data on the voice bit stream. The data-enabled encoder
may select which voice frames are best used to convey non-voice and then use the selected
frames to carry the non-voice data, by using the reserved fundamental frequency value and
placing the non-voice data 1o the remaiming bits of the selected frames as described above,
The result 1s a backward compatible method for sending data within the low-rate voice bit
stream that preserves voice quality and maintains reasonable latency in the non-voice data
{ransmission.

As described in TIA 102BABA, a legacy decoder used ina P25, DMR, dPMR or
NXDN radio system includes a mechamism to perform a frame repeat when frames are
received which are determined to be invalid (L.e., lost or excessively corrupted). The frame

repeat procedure reuses the MBE parameters from the last good frame received by the
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decoder and uses these repeated parameters to compute the voice samples for the current
frame. The result is that the repeated frame has similar speech properties (.2, pitch, gain,
voicing, and spectral envelope) to the previous frame from which the repeated MIBE
parameters originated, and the listener percetves the sound from the previous frame being
extended into the current frame.

Improved technigues are provided for measuring the sumilarity between two
consecutive voice frames, and, when this measure indicates the current voice frame is
sufficiently similar to the preceding frame, then the current voice frame may be selected to
carry non-voice data by sending a reserved value for the fundamental frequency and non-
voice data in the remaining bits. This approach has the advantage that frame repeats within a
recetving decoder will occur when the voice signal does not change significantly between
frames, lessening any impact on voice gquality and 1otelligibility. The data-enabled encoder
also may be configured to account for the behavior of the decoder when encoding subsequent
frames. For example, during a frame when non-voice data 1s sent along with a reserved value
for the fundamental frequency parameter, the decoder will ignore the received data for that
frame as part of s frame repeat processing, and hence the quantizer state mformation which
stores the prior value of the MBE speech model parameters will not be updated within the
decoder during that frame {(i.e., the decoder quantizer state will be carried forward from the
prior frame resulting in little or no modification to the value of the MBE speech model
parameters that are stored for the prior frame}. A data-enabled encoder can account for this
by not updating its own quantizer state information for that frame, so that the quantizer states
are kept 1n sync between the encoder and decoder. This technique may be particularly
advantageous 1n conjunction with the vocoder described in TIA 102BABA, which uses
differential quantization for the spectral magnitudes, such that keeping the MBE parameter
state in syne between the encoder and the decoder will improve voice guality and
intelligibility,

In particolar implementations, a data-enabled encoder measures similarity between
two consecutive voice frames by comparing the fundamental frequencies, voicing decisions
and/or the spectral magnitudes between the two consecutive frames, and selecting a frame to

carry non-voice data if the difference in these parameters between the two frames is below
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certain limits. In one of these implementations, all of these parameters are compared using a
particular set of similarity metrics.

For example, referring to FIG. 7, in one mmplementation the encoder operates
according to a procedure 700, Imtially, the encoder compares the fundamental frequency
parameter for a frame to the fundamental frequency parameter for the immediately preceding
frame (step 705). If the relative change between the two 1s less than a predeternuned amount
{e.g., 3.5%) {(step 710), the encoder compares the voicing decisions for the frames {(step 715}
Otherwise, the encoder does not use the current frame to carry non-voice data but instead
waits for the next frame to restart the comparison process by examining the fundamental
frequency parameter for the next frame (step 705}

The voicing decisions between two consecutive frames may be compared {(step 715}
by checking if the number of bands 1 which the voicing decisions have changed from voiced
to unvoiced or vice versa 1s less than a second predetermined amount (e.g., no more than |
band out of 8). If the relative change is less than the second predeternuned amount (step
7203, the encoder compares the spectral magnitudes for the frames (step 725). Otherwise, the
encoder does not use the current frame to carry non-voice data but instead waits for the next
frame to restart the comparison process (step 705}

The sumulanity between the spectral magnitudes for two consecutive voice frames may
be compared (step 725) by summing the difference between the weighted log speciral
magnitudes i the two frames. Let Mid1) and Miu(0} represent the log (base 2} spectral
magnitude of the k'th harmonie in the current and previous frame, and the parameters L{1}
and L0} represent the number of spectral magnitades i those frames. Similarly, the
parameters vid 1) and vid 0) represent the voicing state associated with thetr respective spectral
magnitudes, where the voicing state vi{n} = 1 1f the k'th spectral magnitude 1s voiced while
vi{n} = O otherwise. The parameter Nk represents a noise floor for the k’th harmonic, and Wy
represents a weighting value for that harmonic. Using these variables, a difference metric, D,

between these two consecutive frames can then be computed as follows:
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where Zx{n) 1s computed as:
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and the weighting function Wk is given by:
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The noise floor Nk can be estimated from the silence {background noise) portions of
the voice signal, or a fixed value can be used. For exarople, the value of Nk may be

determined by:
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The difference metric, I, shown above 1s near zero if the spectral magnitudes and
their associated voicing states are approximately the same in the two frames and grows 10 a

larger value as the spectral magnitudes and/or their voicing states diverge between the two
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frames.

The difference metric D can be compared to a threshold, T, and if D < T {step 730},
then the frames are sufficiently similar and the encoder allows the current frame to be used to
carry non-voice data as per the techniques described {step 735). Otherwise, the encoder does
not use the current frame to carry non-voice data but instead waits for the next frame to
20 restart the comparison process {step 705},

In an alternative approach, the threshold T can be made adaptive such that initially T
15 low {(e.g., 0.4 for Half-Rate or 0.5 for Full-Rate) so as to require consecutive frames to be
very similar before non-voice data insertion is activated, and then T is increased over time
{for example from 0.4 t0 0.75 over 15 frames for Half-Rate and from 0.5 t0 0.75 over 15
25  frames for Full-Rate), so that the degree of sinularity for non-voice data insertion becomes
more likely. Once data msertion has occurred (because I < T) then T can be reduced back to
a lower value {e.g., 0.3) for one frame since 1t 1s desirable to not do multiple frame repeats 1o

a row, and then reset to the vutial low value (0.4 or 0.5) and moereased agan over time.
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g, frames will only be used for non-

&0

Using this adaptive approach means that, at the beginnin
voice data if they are very similar, with this condition being relaxed over time to reduce the
time it takes for a frame suitable for data msertion to be found. This lowers the latency {ie.,
delay} in sending non-voice data. In practice, frames containing silence or low level
backeround noise have very low values of D and are hikely to meet the more demanding
requirements associated with the low (inttial) value of T. Stationary voice sounds {such as
vowels} also have moderately low values of D, and will support data insertion possibly after
some time for T to adjust if no silence period 1s found beforehand.

Other implementations may compare only a subset of the parameters and/or employ
different simulartty metrics.

In the techniques described above, a data-enabled encoder uses a reserved value of
the fundamental frequency to signal to a data-enabled decoder that the frame contans non-
voice data. The presence of the reserved fundamental frequency value causes a legacy
decoder {and a data-enabled decoder) that receives such a frame to determine that the frame
15 invalid and perform a frame repeat. This reduces the perceived effect of the non-voice
data on the decoded voice while providing backward compatibility with existing radios
featuring legacy decoders. The reserved fundamental frequency value can be used by a data-
enabled decoder to 1dentify frames containing non-voice data and then further process the
frame to recover the non-voice data and output that data for other uses.

An alternative encoding and decoding method may be used to carry the non-voice
data within a selected frame. With this method, a data-enabled encoder selects frames o
carry the non-voice data using the methods and techniques described, where this selection
may be based at least in part on a measure of similarity between two consecutive frames.
Non-voice data s then placed in the selected frames using an alternate encoding method
which is different than the encoding method used for voice frames such that the frames
carrying the non-voice data can be identified as invalid In one implementation, which
functions in combination with the vocoders described m TIA 102BABA, the encoding
method uses different error control codes such as convolutional codes, etther alone or in
combination with a CRC or checksum, while the encoding for voice frames uses the same
Hamming and/or Golay codes as employed by the legacy encoder. In this implementation, a

frame is identified as invalid if the number of bit errors computed during decoding exceeds a
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certain threshold, so the alternate encoding method 18 designed such that, when a frame
containing non-voice data is decoded using the decoding method used for voice frames, the
computed number of bit errors will exceed the threshold and the frame will be identified as
invalid thereby providing backward compatibility with legacy decoders This is facilitated by
mcluding a small number of header bits (4-8 header bits is typical) as part of non-voice data,
and then setting the value of the header bits so that the maximum number of bit errors will be
computed when decoded using the decoding method used for voice frames. As noted above,
the data-enabled encoder may account for the behavior of an imvalid frame on the decoder by
not updating its quantizer state information for the frames selected to carry the non-voice
data, so that the quantizer states are kept in sync between the encoder and the decoder.

A decoder recetving a bit stream using an alternate encoding method to carry non-
voice data will atteropt to decode each frame using the decoding method for voice frames
which 1s the same decoding method used in the legacy decoder. In one implementation, the
beneficial design of the alternate coding method and the setting of optional header bits causes
the number of bit errors that are computed when decoding a frame containing non-voice data
with the decoding method for voice frames to exceed a certain threshold and the frame to be
wdentified as invalid. The decoder (both data-enabled and legacy} will then perform a frame
repeat for these 1ovalid frames and not update s quantizer state information, thereby keeping
the decoder quantizer state in syne with that used by the encoder. The data-enabled decoder
then apphies the alternate decoding method to sach invalid frames and, if non-voice data 13
detected {due to sufficiently few bit errors and/or the correct CRC or checksum}, then the
non-voice data is recovered from the frame and output for other uses. The alternate encoding
and decoding method for carrving non-voice data can provide error protection that 13
optunized for the non-voice data and can be adapted to provide better error protection (using
lower rate coding} or to carrying more non-voice data per frame.

Gther implementations feature improved technigues for carrying non-voice data
during silence periods or other times of low speech activity. In TIA 102BABA, the encoder
quantizes the gain parameter using 5 or 6 bits depending on the mode of operation, where
Half-Rate mode uses § bits (32 levels) and Full-Rate mode uses 6 bits {64 levels). The gan
parameter represents the average log amplitude of the voice signal during a particular 20 ms

voice frame, and, when the decoder receives a frame that contains the quantization value
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representing a fow level for the gain parameter (typically at or near the zero value), the
decoder produces a low-level voice signal. This provides a mechamism to carry non-voice
data, as the resultant decoded voice signal 1s so low level that 1t 15 essentially maudible
regardless of the quantization values used for spectral magnitudes and V/UV decisions.
Hence the data-enabled encoder can set the gain to a low level and then replace the voice bits
normally used for the spectral magnitudes and V/UV decisions with non-voice data. The
voice bits normally used for the fundamental frequency also can be replaced with non-voice
data, though certain implementations may set some of these bits 10 a predetermined value to
umprove the ability of the data-enabled decoder to detect frames containing non-voice data.

A data-enabled encoder selects voice frames to carry non-voice data. This may be
accomplished by analyzing the voice signal being encoded to identify intervals
corresponding to silence {typically low-level background noise}, and then using thas
mformation to select such voice frames. Alternately, the data-enabled encoder may select
voice frames for immediate transmussion or within a tolerable latency based on the priority of
the data. In one application of interest, the encoder selects voice frames at the end of a
transmission burst with the option to extend the burst (i.e, by transmutting additional LDUs
n TIA 102BABA) to carry additional non-voice data. Once frames have been selected, the
data-enabled encoder sets some number of the most significant gain bits and the most
significant fundamental frequency bits to a predetermined value and places the non-voice
data i bits normally used for the spectral magnitudes and V/UV decisions. The
predetermuned values used for the most sigmficant gamn and fundamental frequency bits serve
as an wentifter allowing a data-enabled decoder to detect that the frame contans non-voice
data. In addition, the value used (typically zero} represents a low-level voice frame with a
short piich period, which reduces the perceived effect of the non-voice data on the voice bit
strean.

A data-enabled decoder examines the most significant bits of the gain and
fundamental frequency for each voice frame, and if the data-enabled decoder detects the
predeternuned values indicating the presence of non-voice data, the data-enabled decoder
recovers the non-voice data from bits normally used for the spectral magnitude and V/UVY
decisions, and outputs the recovered non-voice data for other uses. The predetermined

values for the gain and fundamental frequency indicating the presence of non-voice data may
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be near zero and correspond to low level voice frame with a short pitch period. 1t is rare for
these particular values to occur during normal voice, which allows the data-enabled decoder
to reliably determine the presence of non-voice data by checking these values in every
received frame.

In both existing legacy and data-enabled decoders, the presence of non-voice data in
the bits normally assigned to the speciral magnitudes and V/UV decisions will cause
perturbations in the spectrum of the decoded voice since the non-voice data will be used in
the decoder to reconstruct the spectral magnitude and voicing parameters. However, the
small level for the gain parameter ensures that these perturbations are virtually maudible,
which reduces the perceived effect of the non-voice data on decoded voice. The data-
enabled encoder may account for these perturbations when encoding subsequent frames. For
example, during a frame when nov~-voice data 1s sent along with a small value for the gamn
parameter, the decoder will use the non-voice data for that frame to decode the spectral
roagnitude parameters and update internal state information for its MBE parameters
accordingly. The data-enabled encoder can account for this by updating s own similar state
mformation for that frame using the non-voice data being transrotited, so that the MBE
parameter state is kept n syne between the encoder and decoder. This may be particularly
useful with the vocoder described in TIA 102BABA, which uses differential quantization for
the spectral magnitudes. In general, keeping the MBE parameter state in sync between
encoder and decoder improves voice quahity and mtefhgibility. A data-enabled decoder can
further reduce the audibility of any such perturbations in the spectrum of the decoded voice
by muting or otherwise attenuating the voice signal whenever the data-enabled decoder
detects the presence of non-voice data n the bits normally assigned to the spectral
magnitudes.

Non-voice data may be carried at the end of a voice burst with hittle or no impact on
voice quality or intelligibility. For example, voice communication in P25 Phase 1 (FDMA)
radio systems uses 180 ms logical data units (L.D1’s) that each contain nine 20 ms Full-Rate
voice frames. When voice ends, typically due to release of the Push-to-Talk (PTT) button at
the transmitting radio, any remaining voice frames in the LDU must be filled with some
appropnate pattern {i.¢. “voice fill frames”} to complete the LDV Typically, a pattern

signaling a lost voice frame (i.e., with too many bit errors or an nvalid value for one or more
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of the MBE parameters), or a pattern signaling silence {t.e., fow level background noise} s
used for the voice fill frames, both of which the decoder will recognize and handle
appropriately, which wastes the capacity of the channel. To better use the capacity of the
channel, one or more of the described methods can be used during these voice fill frames to
send non-voice data. If more non-voice data needs to be sent, additional LDUs can be
transmitted with voice fill frames containing non-voice data. These methods are also
apphicable to other radio systems, including P25 Phase 2 (TDMA), DMR, dPMR and NXDN.

In a typical digital radio system, the wireless link connecting the transmitter and
recetver 15 prone to RF noise that introduces bit errors into the received hit stream. The
vocoder described in TIA 102BABA addresses this problem via error control coding (FEC)
in the form of Golay and Hamming codes that are used to protect a fraction of the voice bits
within each voice frame. In the Full-Rate mode of operation, 4 Golay Codes and 3 Hamming
codes are used during each voice frame to protect 81 of the voice bits. Similarly, m the Half-
Rate mode of operation, 2 Golay codes are used to protect 24 voice bits. In both cases, the
remaining bits {7 in Full-Rate and 25 1 Half-Rate) receive no FEC protection as they
norroally contain voice bus that are not particularly sensitive to bif errors. While this
prioritized form of error protection works well for the voice bits used by the P25 vocoder, it
roay not be suitable for non-voice data where it may not be correct to assume that any portion
of the data 15 less sensitive to bit errors than other portions. In this case, additional error
correction bits may be employed by the data-enabled encoder and decoder to protect the non-
voice data. For example, 24 of the 25 unprotected bits i the Half*Rate mode may be used to
form a third Golay code whenever non-voice data 1s carried in a frame. This allows for 12
more hits of the non-voice data to be protected and leaves only 1 anprotected bit. Simularly,
the Full-Rate mode may form a 3X repetition code from the 3 Hamming codes {1.e.,
transmitting the same data 3 times), allowing 11 additional bits of the non-voice data to be
strongly protected. The additional error correction may form part of the non-voice data
inserted by the data-enabled encoder. The data-enabled decoder then uses this additional
error correction to supplement the standard error control coding used for voice frames,
thereby improving reliability of the non-voice data.

Several methods for placing non-voice data into voice frames have been described.

For each method, the voice frame carrying the non-voice data can be viewed as a data packet.
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Data packets that may be emploved include those shown in FIGK. 8A-11B. Each data packet
is typrcally divided into several portions or fields, inchiding a packet 1D field that is intended
to distinguish frames containing non-voice data from other frame types {i.e., ordinary voice,
tone or silence frames). The value and location of the packet ID field may be selected to
provide good discrimination between frames carrying non-voice data and other frame types.
In addition, the value and location of the packet ID may be set to reduce the perceived effect
of the non-voice data on the voice bit stream thereby maintaining voice guality even when
recerved by a legacy decoder without data capability. Other fields i the data packet make up
the non-voice data carried in the frame and may include: (1} a packet type field that indicates
the type of non-voice data contained in the packet, thereby supporting multiple data types
such as longitude data or latitude data; (2} a reserved data field to allow for future expansion
and support of other features; {3} a data message field containung non-voice application data;
and (4} additional error control data beyond that supported for voice frames to allow for
better correction and/or detection of bit errors that may be introduced nto the non-voice
packet during transmission.

A data-enabled decoder examines each frame of bits withun a received but stream to
detect the packet IDs corresponding to each variant of data packet as shown i FIGS. 8A-
B, a packet ID s detected, then the non-voice data 1s recovered from the rernaining
portion of the frame and output for other uses.

A Full-Rate Vaniant 1 data packet, shown in FIG. 8A, features a packet 1D field
comprising a small number of predetermmed buts that represent a reserved vahie for the
fundamental frequency parameter used by the Full-Rate vocoder. A Full-Rate Variant 2 data
packet, shown in FIG. 9A features a packet 1D field compnising a small number of
predetermined bits that represent a small value of the gain parameter and additional
predetermined values for at least some of the bits used for the fundamental frequency
parameter in the Full-Rate vocoder. A Half-Rate Variant 3 data packet, shown in FIG. 10A,
features a packet 1D field comprising a small number of predetermined bits that represent a
reserved value for the fundamenial frequency parameter used by the Half-Rate vocoder. A
Half-Rate Variant 4 data packet, shown in FIG. 11A, features a packet ID field comprising a
small number of predetermined bits that represent a small value of the gain parameter and

additional predetermined values for at least some of the bits used for the fundamental
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frequency parameter in the Haif-Rate vocoder. The non-veice data packets shown in FIGS,
8A-11B are only representative of the methods described, and particular implementations
may employ modifications or variations of these data packets. For example, one could
change the packet 1D to include portions of the V/UV decision bits or spectral magnitude
bits. Furthermore, the number and location of packet type bits are completely vanable as is
the trade-off between the number of data message bits and additional error control data.

One variant of non-voice data packet used with the Full-Rate vocoder is referred to as
Variant 1 and s shown in FIGS. 8A and 8B. The components of this packet include a packet
1D field comprising 6 bits, denoted as Is Is Is I 1 Io. The packet ID field in a Full-Rate
Variant 1 packet s preferably set equal to 0x3C since this value represents a reserved
fundamental frequency value in the Full-Rate vocoder and does not regularly occur for voice
frames. This packet also preferably includes a packet type field comprising 3 bits, denoted
by T2 T1 To, allowing 8 different packet types to be identified, and a 3 bit reserved data field,
denoted by Ro Ri Ro , which can be used for extra signaling capacity, increased performance
or to support additional features. The data message field for this packet as shown i Figure
BA consists of 48 buts, denoted by M7 My Mys . Mo My Mo, which contains the non-
voice data being transnutted over the channel.

The output structure of the Vanant 1 data packet used with the Full-Rate Vocoder is
shown in FIG. 3B, The Full-Rate vocoder, as deseribed 1n TIA-102BABA and iltustrated by
FIGS. 3A and 3B, uses a set of 8 bit vectors denoted by (o, 81 ... {7 contaming 88 bits for
each 20 ms voice frame. The data-enabled encoder transmits non-voice data by mapping the
component data fields shown i FIG. 8A into these it vectors as shown in FIG. 8B, where
it position within each vector follows the conventions used in TIA-10ZBABA. The bit
vector Uo consists of the 6 bit packet ID field, Is 4 I3 B2 I To followed by the 3 bit Type field,
T2 T To, and ending with the 3 bit reserved bits, Rz Ri Ro. Next the first 36 bits of the data
message field, Mar Mas Mas . Mz are output using 12 bits each in bit vectors 41, G2, and
3. Bit vectors G4, 05, and (s are each identical and contain the next 11 buts of the data
message, My Mio ... M Finally, bit vector {17 contains the final bit of the data message,
Mo, repeated three times and the last 4 bits are spare and not used. The Full-Rate Variant 1
data packet includes additional error control data in the form of a {3,1] repetition code

apphied to the last 12 biis of the data message, allowing the data-enabled decoder to better
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correct or detect bit errors in these bits and thereby increase rehiability of transmission of the
data message. After constructing all 8 of these bit vectors the data-enabled encoder applies
the Golay and Hamming codes, bit modulation and interfeaving as shown in FIG. 3A o
produce a final 144 output frame which is suitable for transmission over the P25 Phase 1
common air interface.

A recetved frame containing a Full-Rate Variant 1 data packet constructed in the
manner described herein will cause the Full-Rate legacy or data-enabled decoder to perform
a frame repeat since the value used in the packet 1D field (0x3C) represents a reserved
fundamental frequency which will be mnterpreted by the decoder as an invalid frame. This
triggering of a frame repeat helps maintain voice quality by lowering the perceived effect of
the Variant 1 data packet on the voice bit stream. Furthermore, a data-enabled decoder can
use the packet 1D field to wdentify that a recerved frame contains non-voice data since a
reserved fundamental frequency value does vot regularly occur during voice frames. Upon
detection, a data-enabled decoder will preferably perform error control decoding using the
(Golay and Hammomng codes shown in FEGS. 3A and 3B 1o combination with the additional
ervor control data (1.e. the [3,1] repetition code) apphied by the data-enabled encoder for a
Variant 1 data packet. The data-enabled decoder then reconstructs the component fields of
the data.

Another variant of non-voice data packet used with the Full-Rate vocoder 15 referred
to as Variant 2 and 18 shown m FIGS. 9A and 9B. The components of this packet include a
packet 1D field comprising 11 bits, denoted as Lo Is ... To. The packet ID3 field in a Fuli Rate
Variant 2 packet 1s preferably set equal to Ox000 corresponding to a near maxumum
fundamental frequency value combined with the minymum gain value allowed for the Full-
Rate vocoder. The Variant 2 data packet also may mclude a packet Type field comprising 3
bits, denoted by T2 T: To , allowing 8 different packet types to be identified, and a 1 bit
reserved data field, denoted by Ro , which can be used for extra signaling capacity, increased
performance or to support additional features. The data message field for this packet as
shown m FIG. 9A consists of 48 bits, denoted by Mary Mas Mas .. Mz My Mo, which
contains the non-voice data being transmitted over the channel.

The output structure of the Varnant 2 data packet used with the Full-Rate Vocoder 1s

shown in FIG 9B, The data-enabled encoder transmits non-voice data within a Varant 2
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data packet by mapping the component data fields shown in FIG. 9A into the 8 bit vectors o
, Ut ... U7 used by the Full-Rate vocoder as shown in FIG. 9B, where bit positions within
each vector follow the conventions used in TIA-102ZBABA. The bit vector tio consists of the
first 8 bits of the bit packet ID field, Lo, Is, ..., 15, interlaced with the 3 bit type field T> T1 T
and the 1 bit reserved data field Ro as shown in the figure. Next the first 36 biis of the data
message field, M7 Maec Mus ... Muzare output using 12 bats each in bit vectors Gy, o, and
43, Bit vector Ga contains 2 bits of the data message field combined with the next 2 buis of
the packet ID} field I I, The construction of {4 differs depending on the state of the first type
bit T2, ¥ T2 =0, then 3 data message bits My Mio Mo are followed by 2 bits of the packet ID
field I» Iy which are in turn followed by the 6 data message bits Mg Ms ... M1 However, tf T»
=1, then 4 data message bits M Mie Mo Ms are followed by 2 biis of the packet ID field b L
which are in turn followed by the 5 data message bits Ms My .. My Bit vectors 0is and e are
each identical and contain 11 bits of the data message, My Mo ... My Finally, bit vector &7
contains the final bit of the data message, Mo, repeated three times followed by the final bit
of the packet ID field To, an additional repetition of 2 of the data message bits {either Ms My7if
Tr=0 or M7 Meif To=1}, and a final unused bit. The Varant 2 data packet includes
additional error control data 1o the form of a [3,1] repetition code applied to the last 12 bits of
the data message, allowing the data-enabled decoder to better correct or detect bit errors in
these bits and thereby increase reliability of transmission of the data message. After
construciing all 8 of these bit vectors the data-enabled encoder applies the Golay and
Hamming codes, bit modulation and interleaving as shown in Figure 1 to produce a final 144
outprt frame which s suitable for transmussion over the P25 Phase 1 common air interface.
The dependence of bit vectors t and 47 on the value of T2 1n the Variant 2 data
packet ensures that the packet ID bits are placed into the bit vectors where the gain biis are
normally carried i a Full-Rate voice frame. This causes the gain to be decoded to the
minimum value (i.e. zero} when the data packet s received, and thereby mproves voice
quality by lowering the perceived effect of any perturbations i the decoded voice signal
caused by the presence of the non-voice data in the voice bit stream. Furthermore, a data-
enabled decoder uses the packet 1D field {0x000) used for a Varnant 2 data packet to identify
that a received frame contains non-voice data since the represented combination of a near

maximem fundamental frequency value with the minimum gain value does not regularly
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occur during Full-Rate voice frames. Upon detection, a data-enabled decoder will preferably
perform error control decoding using the Golay and Hamming codes shown in FIG. 3A i
combination with the additional error controf data (1.e the {3,1] repetition code} applied by
the data-enabled encoder for a Vanant 2 data packet. The data-enabled decoder then
reconstructs the component fields of the data packet and outputs this data to the non-voice
application.

A varant of a non-voice data packet used with the Half-Rate vocoder is referred to as
Variant 3 and is shown in FIGS. 10A and 10B. The components of this data packet include a
packet 1D field comprising 7 bits, denoted as Is Is Is Tz Iz T o, which 1s preferably set equal to
Ox78 since this value represents a reserved fundamental frequency value in the Half-Rate
vocoder and does not regularly occur for voice frames. This packet also preferably includes
a 4 bit packet type field, denoted by T T2 Ti To , allowing 16 ditferent packet types to be
wdentified, and a 2 bit reserved data field, denoted by R: Ro, which can be used for extra
signaling capactty, increased performance or to support additional features. The data message
field for this packet as shown in FIG. 10A consists of 24 bits, denoted by Mz M . Mo,
which contans the non-voice data being transnutied over the channel. In addition the
Variant 3 data packet includes 12 additional ervor control bits, denoted by Pii Pio .. Po,
which are generated from the final 12 bits of the data message field (M Mio ... Mo}

according to the formula:

[P11 Pio Po Pa P7 Ps Ps Pa P2 Po Pi Po | = [Min Mo Mo Mg My Me Ms M4 M3
Mz M1 Mo | = Gz

where the matrix Gyizi) 18 the parity check matrix associated with a [24,12] Golay

code and 15 given by:
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The addition of these additional error control bits protects the portion of the data
message that 1s not normally protected by error correcting codes for voice frame, and thereby
improves the reliability of the non-voice data.

The output structure of the Varnant 3 data packet used with the Half-Rate Vocoder is
shown in FIG. 10B. The Half-Rate vocoder, as described in the “Half-Rate Annex” of TIA-
102BABA and shown in FIG. 44, uses a set of 4 bit vectors denoted by 6o, G ... G3
containing 49 bits for each 20 ms voice frame. The data-enabled encoder transmits non-
voice data by mapping the coroponent data fields shown in FIG. 10A into these bit vectors as
shown in FIG. 10B, where bit positions within each vector follow the conventions used in
TIA-TO2BABA. The it vector {io consists of the 6 most significant bits of the bit packet ID
field, Is Is Is Is I ) followed by the 4 bit Type field, T3 T: T To, and ending with the 2 but
reserved bus, Ry Ro. Next the first 23 bits of the data message field, Mz: Mz 0 M are
output 1n bit vectors 61 and 2. Finally, bit vector s includes the last bit of the data message,
Mo, followed by the LSB of the packet ID field, Jo, and then ending with the 12 error control
bits P11 Pio ... Po. After constructing all 4 of these bit vectors the data-enabled encoder
apphies Golay coding, bit modulation and intereaving as shown in FIG. 4A to produce a final
72 output frame which 15 suttable for transmission over the P25 Phase 2 air interface.

A recerved frame containing a Variant 3 data packet constructed in the manner
described herein will cause the Half-Rate legacy or data-enabled decoder to perform a frame

ey
I
7

repeat, since the value used in the packet ID figld (Ox78) represents a reserved fundamental
frequency which will be interpreted by the decoder as an mvalid frame. This triggering of a
frame repeat helps maintain voice quality by lowering the perceived effect of the Variant 3
data packet on the voice bit siream. Furthermore, a data-enabled decoder can use the Varant
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3 packet 1D field to identify that such a received frame contains non-voice data since a
reserved fundamental {frequency value does not regularly occur during voice frames. Upon
detection, a data-enabled decoder wiil preferably perform error control decoding using the
Golay codes shown in FIG. 4A 1n combination with the additional error control data (1.2, the
12 additional error control bits denoted as Pu Pro .. Po } applied by the data-enabled encoder
for a Variant 3 data packet The data-enabled decoder then reconstructs the component fields
of the data packet and outputs this data to the non-voice application.

Another variant of non-voice data packet used with the Half-Rate vocoder is referred
to as Variant 4 and is shown in FIGS. 11A and 11B. The components of this packet include
a packet ID field comprising 9 buts, denoted as Is Iy . Io. The packet ID field in a Half-Rate
Variant 4 data packet is preferably set equal to 0x000 corresponding to a near maximum
fundamental frequency value combined with a nunimum gam value as defined for the Half-
Rate vocoder. Thus packet also preferably includes a 4 bit packet type field, denoted by T3 Tz
T: To, allowing 16 different packet types to be identified. The data message field for this
packet as shown in Figure 6A consists of 24 bits, denoted by Moz Mz . Mo, which countains
the non-voice data being transmutied over the channel. Tn addition, the Varant 4 data packet
meludes 12 additional ervor control bits, denoted by Pui Pio ... Po, which are generated from
the final 12 bits of the data message field (M Mo .. Mo} 10 the same manner as described
above for the Half-Rate Variant 3 data packet.

The output structure of the Half-Rate Variant 4 data packet 13 shown in FIG. 115,
where to enable transmussion 8 data-enabled encoder maps the component figlds shown in
FIG 11 A into the 4 bit vectors Go , G ... (5 as shown m FIG. 11 A, where bit positions within
each vector follow the conventions used in TIA-T02BABA. The but vector o consists of the
8 most significant bits of the bit packet ID figld, Is I7 .. 11 interlaced with the 4 bit packet type
field, T5 T2 T1 To. Next, the first 23 bits of the data message field, Mos My . M are output
in bit vectors 01 and G2, Finally, bit vector (s includes the last bit of the data message, Mo,
followed by the LSB of the packet I field, lo, and ending with the 12 error control bits Py
P ... Po. After constructing all 4 of these bit vectors the data-enabled encoder applies Golay
coding, bit modulation and interleaving as shown in FIG. 4A to produce a final 72 sutput

frame which 1s suiiable for transmission over the P25 Phase 2 air interface.
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One feature of the Variant 4 data packet is that a portion of the packet ID bits are
placed into the bit vectors where the gain bits are normally carrigd in a Half-Rate voice
frame. This causes the gain to be decoded to the munimum value {1.¢., zero) when such a data
packet 1s received, resulting 1n a very low level signal. This improves voice guality by
lowering the perceived effect of any perturbations in the decoded voice signal caused by the
presence of the non-voice data in the voice bit stream. Furthermore, a data-enabled decoder
uses the Varant 4 packet 1D field (0x000) to wdentify that a received frame contains non-
voice data since the represented combination of a near maximum fundamental frequency
value with a near mimumum gain value does not regularly occur during Half-Rate voice
frames. Upon detection, a data-enabled decoder will preferably perform error control
decoding using the Golay codes shown in FIG. 4A in combination with the additional error
control data (1., the 12 additional error control bits denoted as Pii Pio ... Po ) apphed by the
data-enabled encoder for a Half-Rate Variant 3 data packet. The data-enabled decoder then
reconstructs the component fields of the data packet and outpuis this data to the non-voice
application.

Ouve non-voice application of interest 1s focation data that 1s divided into latitude,
longitude, altitude, time and other information.  Since the total extent of this mformation may
exceed the number of message data bits 10 a non-voice data packet, a packet type field may
be used to wdentify the data content of each non-voice data packet. For example, some non-
voice data packets may contain just high resolution latitude and lfongitude data while other
frames may contamn altitude data phus localized latitude and longitude data relative to a

known region (identified from the high resolution data or other known mformation}. In

Rate Vartants 1 and 2, and N=24 bits for Half-Rate Variants 3 and 4}, then the packet type
field may identify the portion of the message (first N bits, second N bits, etc. .. ) that the
current frame contains. For example, consider a 96 bit data message, where using the
described packet structures for Full-Rate (N=48) or Half-Rate (N=24}, the 90 bit message is
divided into 2 {Full-Rate} or 4 (Half-Rate) segments, and the packet type field identifies
which segment 1S contained in the current voice frame. [hviding a single message over
multiple voice frames reduces the message rate that can be transmitted, while aliowing

flexibulity in the length of the messages.
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In typical implementations, data messages are normally 48 bits long, and in the case
of Half-Rate Variants 3 and 4, the message 15 split into two segments and Type bit T:= 0 for
the first half of a data message and T3 = 1 for the second half of the data message. For all the
Variants, the remaining three packet Type bits To, T1 and T2 are used to convey the type of
data contained in data message as shown in Table 2, where data messages marked as reserved

are not presently defined and for future use (for example to carry time or other types of

positioning data).

Yo | T1 | Tz | Data Message

00 High resolution longitude and latitude data

10 reserved

0
00 i1 Altitude data plus localized longitude and latitude data
g
0

141 reserved

0 reserved

1 reserved

11110 reserved

1 i1 411 reserved

Table 2. Packet Type Bits

As tlustrated in Table 2, Packet Type (To T1 Tz} = 0x0 13 associated with high
resolution latitude and longitude data. In packets of this type, latitude data 15 assigned 23 bits
and longitude data 13 assigned 24 bits. In Full-Rate Varant T and Varnant 2 data packets, the
latitude data 1s carned tn My (MSB) to Mas (LSB) and the longitude data is carried n Mz
(MSB) to Mi (LSB) while the last data message bit Mo 1s an unused spare. In the Half-Rate
Variant 3 and 4 data packets, latitude data 1s contained in the first half of the data message
with T3 = 0, the latitude data in Mas (MSB) to M (LSB), and the last data message bit Mo 15
an unused spare. Smmilarly, in the Half-Rate Variant 3 and 4 data packets, longitude data is
contained in the second half of the data message with T3= 1, and the longitude data in M3

(MSB}) to Mg (LSB),
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As further ilustrated in Table 2, Packet Type (To Ty T2} = Ox1 15 associated with
altitude data plus localized latitude and longiiude data. Localized latitude and longitude data
is generated from the least significant 18 bits of the high resclotion latitude and longitude
data, respectively, with the assumption that the most sigmficant bits of the latitude and
longitude are known either from a prior transmission of high resolution data or because of a
linuted geographical coverage area. In packets containing altitude data plus localized
latitude and longitude data, altitude data s assigned 11 bits while latitude and longitude data
are each assigned 18 bits. In Full-Rate Vanant 1 and Variant 2 data packets, the altitude data
15 carried in Mgy (MSB) to Ma7 (LSB), the latitude data 1s carried in Mse (MSB) to Mue (LSB)
the longitude data 1s carried i Mig (MSB} to My {(LSB) and the last data message bit Mo 15 an
unused spare. In the Half-Rate Variant 3 and 4 data packets, the first half of the data
roessage with Ty = 0 carries the 5 Most sigruficant bits of the altitude data in Mz (MSB) to
Mo (LSB), the localized latitude data i Mg (MSB) to M (1LSB), and the last data message
bit Mo 1s an unused spare. Similarly, in Half-Rate Variaot 3 and 4 data packets, the second
half of the data message with Ta= 1, carries the 6 LSBs of the altitude data 10 Moz (MSB) to
Mus (1.SB), and the localized longitude data 10 My (MSB) to Mo {(LSB).

Packet Type {(To T1 T2} = 0x0 uses 24 bts for longrtude and 23 bus for latitude which
covers the entire surface of the earth and provides sufficient accuracy for most land mobile
radio apphications. Longitude 1s represented 1o the range from [0.0, 360.0] degrees while
latitude 1s represented in the range from [0.0, 180.0] degrees giving a resolution of 0002146
degrees in both longitude and latitude. This equates to positional accuracy to withmn +/- 1.2
meters. Packet Type (To T1 T2) = Ox1 uses 11 bats for altitude and represents the range of [Q,
6144] meters with and altitude accuracy of +/- 1.5 meters. This Packet Type also uses 18 bits
for localized longitude and latitude data having the same +/- 1.2 meter accuracy but hmiting
coverage to 5.625 degrees in both longiiude and latitude. This divides the earth nto 2048
local cells and imformation on which cell the localized data relates to can either be inferred
from the geographical limits on the systems coverage area {for example limiting coverage to
one particular state or states) or can be provided by sending occasional high resolution
longitude and latitude packets (1.e. To T1 Tz = 0x0) to convey the local cell to which the

localized data pertains.
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CGther packet types may contain additional data beyond, latitude, longitude and
altitude. Furthermore, the division of bits within a daia packet can be modified to support
more or less accuracy, additional efror correction or detection bits, or other features.

While the techniques are described largely in the context of a MBE vocoder, the
described techniques may be readily applied to other systems and/or vocoders. For example,
other MIBE type vocoders may also benefit from the techniques regardless of the bit rate or
frame size. In addition, the technigques described may be applicable to many other speech
coding systems that use a different speech model with alternative parameters {such as STC,
MELP, MB-HTC, CELP, HVXC or others).

Other implementations are within the scope of the following claims.
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1. A method for embedding non-voice data in a voice bit stream that includes frames
of voice bits, the method comprising:
selecting a frame of voice bits to carry the non-voice data;
placing non-voice identifier bits in a first portion of the voice bits in the selected frame;
and
placing the non-voice data in a second portion of the voice bits in the selected frame;
wherein said non-voice identifier bits are employed to reduce a perceived effect of the

non-voice data on audible speech produced from the voice bit stream.

2. The method of claim 1, wherein the first portion of voice bits in the selected frame
wcludes vorce bits used to represent the gam, level or amplitude of the frame and the non-

voice 1dentifier bits carry information corresponding to a low level voice signal.

3. The method of claim 2, wheremn the frames of voice bits represent MBE speech
roodel parameters, and wherein the first portion of voice bits in the selected frame mnclude
voice bits used to represent the fundamental frequency or pitch period of the frame, and the

non-voice wdentifier bits carry information corresponding to a short piich period.

4. The method of claim 3, wherein the second portion of the voice bits in the selected

frame mclude voice bits used to represent the spectral magnitudes or V/UV decisions.

5. The method of claim 4, wherein the non-voice data includes location or position

data.

6. The method of claim 5, wherein the non-voice data includes longitude, latitude or

altitude information.

7. The method of claim 1, wherein selecting the frame of voice bits to carry the
non-voice data comprises comparing speech parameters for the frame to speech parameters

for a preceding frame to produce a measure of similarity between the speech parameters for

=~ 34 —
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the frame and the preceding frame, and selecting the frame of voice biis to carry the non-

voice data when the measure of sinilanty satisfies a threshold condition.

8. The method of claim 7, wherein the non-voice identifier bits carry mformation

corresponding to an invalid voice frame.

9, The method of claim 8, wherein the speech parameters for the frame voice
include MBE speech model parameters and the first portion of voice bits in the selected
frames include voice bits used to represent the fundamental frequency or pitch period of the
frame and the second portion of the voice bits 1n the selected frame includes voice bits used

to represent the spectral magnitudes or voicing decisions.

i0. The method of claim 9, wherein quantizer state inforration for the MBE
speech model parameters is not updated during frames 10 which the non-voice 1dentifier bits

carry mformation corresponding to an mvahd voice frame,

ii The method of claimn 9, wherein the measure of similarity comprises a
distance measure between the spectral magnitudes of the frame and the speciral magnitudes

of the preceding frame.

12. The method of claim 7, wherein the threshold condition changes based on a

fime mterval between the frame and an earher frame selected to carry non-voice data.

13 A method for embedding non-voice data nto a voice bit stream, sard bit
stream comprised of one or more frames of voice biis, the method comprising the steps of!

selecting a frames of voice bits to carry the non-voice data; and

replacing at least a portion of the voice bits in the selected frame with non-veice data,

wherein said replacement causes the selected frame to be identified as an invalid
voice frame, and wherein quantizer state information associated with the voice bit stream 1s

not updated for the selected frame.

¥
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14, The method of claim 13, wherein replacing at least a portion of the voice bits
in the selected frame with non-voice data causes the frame to be decoded with sufficient bit

errors to be wdentified as an invalid voice frame.

15. The method of claim 13, wherein selecting the frame of voice bits to carry the
non-voice data comprises comparing speech parameters for the frame to speech parameters
for a preceding frame to produce a measure of similarity between the speech parameters for
the frame and the preceding frame, and selecting the frame of voice bits to carry the non-

voice data when the measure of similarity satisfies a threshold condition.

16, The method of claim 15, wherein the frames of voice bits represent MBE
speech model parameters including spectral magnitudes and, wherein the measure of
similarity corprises a distance measure between the spectral magnitudes of the frame and

the spectral magnitudes of the preceding frame.

17 A method for recovering non-voice data from a voice bit stream, the bit
strearn including one or more frames of voice bits, the method comprising:

comparing the voice bits in a first portion of a frarue against one or more
predetermuned patterns of non-voice identifier bits; and

recovering non-voice data from a second portion of the frame when one of said
predetermined patterns of non-voice identifier bits 15 detected;

wherein said predetermined patterns of non-voice identifier bits reduce the percerved

effect of the non-voice data on audible speech produced using the voice bit stream.

18. The method of claim 17, wherein the first portion of voice bits n the selected
frames include voice bits used to represent a gain, level or amplitude of the frame, and
wherein at least one of the predetermined patterns carry information corresponding to a voice

signal with a low gain, level or amplitude.

19, The method of claim 18, wherein one or more frames containing non-voice

data are decoded to produce a voice signal with a low gain, level or amplitude, and wherein a
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perceived effect of the non-voice data on audible speech produced using the voice bit stream

is lowered by the low gain, level or amplitude of the voice signal.

20, The method of claim 19, wherein the frames of voice bits represent MBE
speech model parameters, and wherein the first portion of voice bits in the selected frames
include voice bits used to represent the fundamental frequency or pitch period of the frame
and the second portion of the voice bits in the selected frames include voice bits used to

represent the spectral magnitudes and/or V/UY decisions.

21, The method of claim 17, wherein the frames of voice bits represent MBE
speech model parameters, and wherein the first portion of voice bits in the selected frames
weclude voice bits used to represent the fundamental frequency or pitch period of the frame,
and at least one of the predeterrined patterns carry mformation corresponding to an mnvahid

voice frame,

22. The method of claim 21, wherein the perceived effect of the non-voice data on
the voice bit stream 1s reduced by repeating parameters decoded for a prior frame and not
updating guantizer state nformation associated with the voice bit stream when an wvalid

voice frame 1s detected.

23 The method of claim 22 wherein the second portion of the voice bits in the
selected frames inclode voice bits used to represent the spectral magnitudes or votcing

decisions.

24, The method of claim 23, wherein the non-voice data includes additional error

control bits used in the recovery of the non-voice data from the second portion of the frame.

25. A method for recovering non-voice data from a voice bit stream used to
produce a sequence of voice parameters used to generate audible speech, the bit stream

including one or more frames of bits, the method comprising:

~3
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aj decoding a frame of bits to produce voice parameters using a voice decoding

method that employs quantizer state information;

b} determining validity of the frame from the voice parameters; and
) upon determining that the frame 15 ivalid, recovering non-voice data from the

frame, repeating voice parameters decoded from a prior frame in the sequence of voice

parameters, and not updating the quantizer state information for the frame.

26. The method of claim 25, wherein decoding the frame of hits comprises using
error control decoding, and wherein deternuning the vahidity of the frame includes computing
a measure of the number of bit errors in the frame and comparing a measure of the number of

bit errors in the frame against a threshold.

27, The method of claum 26, wherein recovering non-voice data from the frame
mcludes decoding the frame of bits using a non-voice decoding method that 1ncludes error
control decoding that s different from the error control decoding inchuded m the voice

decoding method.

28 The method of claim 27, wherein the voice decoding method mcludes ervor
control decoding using Golay or Hamming codes, and the non-voice decoding method

meludes error control decoding using a convolutional code.

29. The method of claim 28, wherem the non-voice decoding method mcludes

error control decoding usmg an error detecting code such as a CRC or checksum.

30. A speech encoder configured to embed non-voice data in a voice bit stream that
includes frames of voice bits, the speech encoder being configured to:
select a frame of voice bits to carry the non-voice data;
place non-voice dentifier bits in a first portion of the voice bits in the selected frame; and
place the non-voice data in a second portion of the voice bits in the selected frame;
wherein said non-voice identifier bits are emploved to reduce a perceived effect of the

non-voice data on audible speech produced from the voice bit siream.

=~ 38 —
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31. A handset or mobile radio including the speech encoder of claim 30.

32. A base station or console including the speech encoder of ¢laim 30.

33, A speech decoder configured to recover non-voice data from a voice bit stream,
the bit stream including one or more frames of voice bits, the speech decoder being
configured to:

compare the voice bits in a first portion of a frame against one or more predetermined
patterns of non-voice identifier bits; and

recover non-votce data from a second portion of the frame when one of said
predetermined patterns of non-voice wdentifier bus 1s detected;

wherein said predetermined patterns of non-voice identifier bits reduce the percetved

etfect of the non-voice data on audible speech produced based on the voice bit stream.

34, A handset or mobile radio including the speech decoder of claim 33

35. A base station or console including the speech decoder of claim 33

- 3G =
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Length = 12 bits

Bit Position 11

3 2 1

0

Value 139(7)

3) | By | Dags)

55(5}

Structure of Bit Vector {i

Length = 12 bits

Bit Position 11

3 2 1

0

Value

by(5)

by(5)

2{4) 2310{4)

543)

b
243}

Structure of Bit Vector (i,

Length = 12 bits

BitPositon | 11 | 10 | 9 | 8 | 7 | 6 | 5 | 4 | 3 ] 2 ] 1] o
value bis) | b3 | Bz | B | B3y | Bu®) | Buid) | Bol®) | Byp) | By | By | Dyp)

Structure of Bit Vector i

Length = 12 bits

Bit Position 11

0

Value b

12y | Bol2)

[
=
~
T
o
S
3y

by(2)

byy)

b1}

Structure of Bit Vector {4

Length = 11 bits

Bit Position 10 9 8 7 6 5 4 3 i 1 0
value bys) | by | B | by | A | By | b | B | B | Odn | B
Structure of Bit Vector {5 Length = 11 bits
Bit Position 10 9 8 7 6 5 4 3 2 1 0
Value byay | Doy | Buol0) | bu(t) | Buf) | bus(1) | buft) | usft) | Dueft) | Busf1) | byg)

Length = 11 bits

Bit Position 10 9 8 7 6 5 4 3 2 1 0
Value byoy | buoy | beoy | Booy | byoy | byoy | Buol0) | Bul®) | buf0) | Bus(0) | budo)

Structure of Bit Vector {i;

Length =7 bits

Bit Position

& 5 4

(€8]

2 1

g

Value

bw((_}) bin(f{_} E’?(\O‘\'

b o) b o0}

T3

Full Rate Voice Data Packet Example — Cutput Structure
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Structure of Bit Vector (g Length = 12 bits
Bit Position 11 10 9 8 7 B 5 4 3 2 1 g
Value 15 I {3 b 51 i() T, T1 T(} RZ Rl RO
Structure of Bit Vector ty Length = 12 bits
Bit Position 11 10 g 8 7 & 5 4 3 2 1 0
Value Maz | Mag | Mas | Mae | Mas | Moz | Mar | Mag | Mag | Mz | My | Msg
Structure of Bit Vector {i; Length = 12 bits
Bit Position 11 10 8 8 7 6 5 4 3 2 1 0
Value Mys | Mag | Mg | Map | My | Mg | Myg | Mag | My | My | Mas | My
Structure of Bit Vector {3 Length = 12 bits
Bit Position 11 10 8 8 7 6 5 4 3 2 1 g
Value Moz | M | Mg | My | Mig | Mig | My | Mg | Mis | My | Mz | Mp
Structure of Bit Vector (s Length = 11 bits
Bit Position 10 8 2 7 6 5 4 3 2 1 0
Value M11 Mm Mg Mg M; Ms Ms Ma Mg Mg M1
Structure of Bit Vector G5 Length = 11 bits
Bit Position 10 g 8 7 6 5 4 3 2 1 0
Value Mn Mm Mg Mg EVE;’ Mg Ms M. '\!'Ej Mz [\fh
Structure of Bit Vector {ig Length = 11 bits
Bit Position 10 g8 g 7 6 5 4 3 2 1 g
Vaiue M11 Mm Mg Mg VE7 Mg Ms M4 Mg Mz Ml
Structure of Bit Vector {iy Length = 7 bits
Bit Position & 5 4 3 2 1 0
Value Mg My Mo spares spare; spare; spareg

Full-Rate Variant 1 Data Packet Qutput Structure
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A 13/17 |
Structure of Bit Vector (g Length = 12 bits
Bit Position 11 10 8 8 7 b 5 4 3 2 1 0
Value f1o Iy Is b A T2 Is la s Ro T1 To
Structure of Bit Vector {i; Length = 12 bits
Bit Position i1 10 8 3 7 6 5 4 3 2 1 0
Value Maz | Mas | Mas | Mag | Moz | Mo | Mg | Myg | Mg | Mag | My | Mg
Structure of Bit Vector {1, Length = 12 bits
Bit Position 11 10 5 8 7 6 5 4 3 2 1 0
Value Mas | Mas | Mag | My | My | Mg | My | Mag | Myy | Mag | Mas | My
Structure of Bit Vector 3 Length = 12 bits
Bit Position 11 10 9 8 7 6 5 4 3 2 1 0
Value My | My | Mo | My | Mg + Mig 1 Myz | Mg | Mis | Mg | Miz | Mo
Structure of Bit Vector {i,if T,=0 Length = 11 bits
Bit Position 10 9 8 7 6 5 4 3 2 1 0
Value Mn Mm Mg Ez h Mg M5 M4 Mg Mz Ml
Structure of Bit Vector iy if To= 1 Length = 11 bits
Bit Position 10 9 8 7 & 5 4 3 2 1 0
Value Mn Mlo Mg Mg Ez 51 Ms Mﬁ, Ms Mz Ml
Structure of Bit Vector {s Length = 11 bits
Bit Position 10 9 8 7 6 5 4 3 pi 1 0
Value Mn Mlo Mg Mg M? Ms Ms “‘ﬁa, i"v'Eg \/L ‘\J'E1
Structure of Bit Vector (g Length = 11 bits
Bit Position i0 8 8 7 6 5 4 3 pi 1 g
Value MM M]_() Mg Mg !“1’17 Ma Ms My Mg Mg Ml
Structure of Bit Vector (7 T, =0 Length = 7 bits
Bit Position 6 5 4 3 2 1 0
Value Mg Mo Mg lo Mg My sync_reserved
Structure of Bit Vector (71 T, = 1 Length = 7 bits
Bit Position 6 5 4 3 2 i 0
Value Mo Mo Mo lo M Mg sync_reserved

Full-Rate Variant 2 Data Packet Output Structure

FIG. 9B
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