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(57) ABSTRACT 

A method of encoding samples in a digital signal is provided 
that includes receiving a frame of N samples of the digital 
signal, computing a data value range L of the N samples, 
determining a first encoding block size for the frame, map 
ping the N samples to normalized data values, computing a 
first block polynomial value for a block of samples in the 
frame of the first encoding block size, and encoding the first 
block polynomial value. 
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METHOD AND SYSTEM FOR BLOCK 
ADAPTIVE FRACTIONAL-BIT PER SAMPLE 

ENCODING 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

0001. This application claims benefit of U.S. Provisional 
Patent Application Ser. No. 61/218.307, filed Jun. 18, 2009, 
U.S. Provisional Patent Application Ser. No. 61/219,198, 
filed Jun. 22, 2009, and U.S. Provisional Patent Application 
Ser. No. 61/219,868, filed Jun. 24, 2009, which are incorpo 
rated herein by reference in their entirety. 

BACKGROUND OF THE INVENTION 

0002. In many signal processing applications, it is desir 
able to transmit and/or store a digitized signal Such that the 
exact original signal may be recovered. It is also desirable to 
reduce the number of bits needed to represent the signal in 
order to maximize the amount of data that can be handled 
during the transmission and/or storage process. Lossless 
compression techniques may be used to achieve this goal. 
Many techniques exist for lossless compression including 
Huffman coding, run-length coding, and predictive coding. 
Each of these coding techniques may provide comparatively 
better compression for certain classes of signals. However, 
improvements in lossless compression of digital signals are 
desirable. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0003 Particular embodiments in accordance with the 
invention will now be described, by way of example only, and 
with reference to the accompanying drawings: 
0004 FIG. 1 shows a block diagram of a digital system in 
accordance with one or more embodiments of the invention; 
0005 FIG. 2 shows a flow diagram of a method in accor 
dance with one or more embodiments of the invention; 
0006 FIG.3 shows a block diagram of an audio encoderin 
accordance with one or more embodiments of the invention; 
and 
0007 FIG. 4 shows an illustrative digital system in accor 
dance with one or more embodiments of the invention. 

DETAILED DESCRIPTION OF EMBODIMENTS 
OF THE INVENTION 

0008 Specific embodiments of the invention will now be 
described in detail with reference to the accompanying fig 
ures. Like elements in the various figures are denoted by like 
reference numerals for consistency. 
0009 Certain terms are used throughout the following 
description and the claims to refer to particular system com 
ponents. As one skilled in the art will appreciate, components 
in digital systems may be referred to by different names 
and/or may be combined in ways not shown herein without 
departing from the described functionality. This document 
does not intend to distinguish between components that differ 
in name but not function. In the following discussion and in 
the claims, the terms “including” and "comprising are used 
in an open-ended fashion, and thus should be interpreted to 
mean “including, but not limited to . . . . . Also, the term 
“couple' and derivatives thereof are intended to mean an 
indirect, direct, optical, and/or wireless electrical connection. 
Thus, if a first device couples to a second device, that con 
nection may be through a direct electrical connection, 
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through an indirect electrical connection via other devices 
and connections, through an optical electrical connection, 
and/or through a wireless electrical connection. 
0010. In the following detailed description of embodi 
ments of the invention, numerous specific details are set forth 
in order to provide a more thorough understanding of the 
invention. However, it will be apparent to one of ordinary skill 
in the art that the invention may be practiced without these 
specific details. In other instances, well-known features have 
not been described in detail to avoid unnecessarily compli 
cating the description. In addition, although method steps 
may be presented and described herein in a sequential fash 
ion, one or more of the steps shown and described may be 
omitted, repeated, performed concurrently, and/or performed 
in a different order than the order shown in the figures and/or 
described herein. Accordingly, embodiments of the invention 
should not be considered limited to the specific ordering of 
steps shown in the figures and/or described herein. Further, 
while some embodiments of the invention are described 
herein in reference to the ITU-T G.711.0 standard and/or 
audio signals, one of ordinary skill in the art will understand 
that embodiments of the invention are not limited to any 
particular signal coding standard or type of signal. Recom 
mendation ITU-T G.711.0 (“ITU-T G.711.0) as approved 
on Sep. 22, 2009 by ITU-T Study Group 16 is incorporated by 
reference herein in its entirety. 
0011. The number of bits b, required to encode a data 
sample of a digital signal having one of L possible data values 
is blog(L). In most cases, the number b is not an integer. 
In many signal encoding systems, an integer number of bits 
are transmitted So, for each data sample, b, is typically 
rounded up to the nearest integer Bibl. For a uniformly 
distributed input digital signal with N samples encoded per 
frame, the minimum number of bits required to encode the 
full frame is bi-Nb,. The number of bits actually used, 
however, may be larger as NB2b. 
0012. In general, embodiments of the invention provide 
for block adaptive fractional-bit lossless encoding of a digital 
signal that may reduce the overall number of bits needed to 
encode data frames of Nsamples. Embodiments of the encod 
ing techniques are capable of achieving bit-rate reduction 
with respect to NB, bits perframe with acceptable implemen 
tation complexity. The acceptable complexity is maintained 
at the expense of a possible small bit-rate increase with 
respect to the by minimum bits needed for encoding. 
0013 More specifically, in one or more embodiments of 
the invention, samples in each frame of a digital signal are 
combined into blocks of Msamples for joint encoding, where 
the maximum number of encoding bits per block is con 
strained. The number of samples Min a block, i.e., the block 
size, may be fixed or may be adapted for each frame. The 
criteria considered in choosing the block size may be the 
frame size N, the data value range L computed for the frame, 
and/or a constraint on the maximum number of encoding bits 
to be used. The number of M-sized blocks in a frame is 
K=N/MIA polynomial value is calculated for each of the K 
blocks based on the data values in the block and the resulting 
value is encoded in the output bit-stream. A polynomial value 
is also calculated for the remaining N-KM data values in the 
frame, if any, and the resulting value is encoded in the output 
bit-stream. 
0014 FIG. 1 shows a block diagram of a digital system in 
accordance with one or more embodiments of the invention. 
The digital system is configured to perform coding of digital 
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audio sequences using embodiments of the methods 
described herein. The system includes a source digital system 
(100) that transmits encoded digital audio sequences to a 
destination digital system (102) via a communication channel 
(116). The source digital system (100) includes an audio 
capture component (104), an audio encoder component (106) 
and a transmitter component (108). The audio capture com 
ponent (104) is configured to provide an audio sequence to be 
encoded by the audio encoder component (106). The audio 
capture component (104) may be, for example, a microphone, 
a speech synthesizer, an audio archive, or an audio feed from 
an audio content provider. 
0015 The audio encoder component (106) receives an 
audio sequence from the audio capture component (104) and 
encodes it for transmission by the transmitter component 
(108). In general, the audio encoder component (106) 
receives the audio sequence from the audio capture compo 
nent (104) as a sequence of frames and encodes the audio data 
in each frame for transmission. During the encoding process, 
a method for block adaptive fractional-bit lossless encoding 
in accordance with one or more of the embodiments 
described herein may be used. The functionality of an 
embodiment of the audio encoder component (106) is 
described in more detail below in reference to FIG. 3. 

0016. The transmitter component (108) transmits the 
encoded audio data to the destination digital system (102) via 
the communication channel (116). The communication chan 
nel (116) may be any communication medium, or combina 
tion of communication media suitable for transmission of the 
encoded audio sequence, such as, for example, wired or wire 
less communication media, a local area network, and/or a 
wide area network. 

0017. The destination digital system (102) includes a 
receiver component (110), an audio decoder component 
(112) and a speaker component (114). The receiver compo 
nent (110) receives the encoded audio data from the source 
digital system (100) via the communication channel (116) 
and provides the encoded audio data to the audio decoder 
component (112) for decoding. In general, the audio decoder 
component (112) reverses the encoding process performed by 
the audio encoder component (106) to reconstruct the frames 
of the audio sequence. The reconstructed audio sequence may 
then be reproduced by the speaker component (114). The 
speaker component (114) may be any suitable audio repro 
duction device. 

0.018. In some embodiments of the invention, the source 
digital system (100) may also include a receiver component 
and an audio decoder component and/or the destination digi 
tal system (102) may include a transmitter component and an 
audio encoder component for transmission of audio 
sequences in both directions. Further, the audio encodercom 
ponent (106) and the audio decoder component (112) may 
perform encoding and decoding in accordance with one or 
more audio compression standards Such as, for example, 
ITU-T G.711 and G.711.0 standards. The audio encodercom 
ponent (106) and the audio decoder component (112) may be 
implemented in any suitable combination of software, firm 
ware, and hardware, such as, for example, one or more digital 
signal processors (DSPs), microprocessors, discrete logic, 
application specific integrated circuits (ASICs), field-pro 
grammable gate arrays (FPGAs), etc. Software implementing 
all or part of the audio encoder and/or audio decoder may be 
stored in a memory, e.g., internal and/or external ROM and/or 
RAM, and executed by a suitable instruction execution sys 
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tem, e.g., a microprocessor or DSP. Analog-to-digital con 
Verters and digital-to-analog converters may provide cou 
pling to the real world, modulators and demodulators (plus 
antennas for air interfaces) may provide coupling for trans 
mission waveforms, and packetizers may be included to pro 
vide formats for transmission. 

0019 FIG. 2 shows a flow diagram of a method for block 
adaptive fractional-bit lossless encoding of one or more 
frames of Nsamples in a digital signal in accordance with one 
or more embodiments of the invention. To encode the N 
samples, the Nsample values may be normalized to lo to 1. 
the polynomial V in Eq. (1) calculated, and the resulting value 
encoded. Normalization of sample values is discussed below 
in reference to step 206. 

For large values of N, calculating V may be unacceptable due 
to the size of the resulting value. In the method of FIG. 2, 
rather than computing V for the entire frame, V is computed 
for M-sized blocks of the frame. As is explained in more detail 
below in reference to step 204, the value of M may be selected 
based on various criteria including an encoding size con 
straint B specifying the maximum number of encoding bits 
per block, i.e., the maximum number of bits for representing 
V, the data value range L in the frame, and/or N. 
0020. As shown in FIG. 2, initially, a frame of Nsamples 
of the digital signal is received (200). The value of N may be 
any suitable value. For example, N may be 40, 80, 160,240, 
or 320. Each of the N samples in the frame, I to I, may 
have one of L possible values. The data value range L for the 
frame is then computed (202). In one or more embodiments of 
the invention, the data value range L is an integer represen 
tative of the number of possible distinct sample values in the 
frame. The data value range L. may be determined based on 
the difference between the maximum and minimum values of 
the N samples in the frame, e.g., L-I-I+1 where 
I max{I, n=0,... N-1} and I min{I, n=0,... N-1}. 
For example, if the distinct sample values in the frame are 
{-3, -2, 0, 1, 2}, then L-6, indicating that there are six 
possible sample values in the frame. 
0021. In some embodiments of the invention, the data 
value range L is reduced to an integer representative of the 
number of actual distinct sample values in the Nsamples. For 
example, if the distinct sample values in the frame are {-3, 
–2, 0, 1, 2}, then L is reduced to 5, indicating that there are 
five actual sample values in the frame. Any Suitable technique 
may be used to reduce the data value range L, including 
computing the reduced value of L directly, i.e., without com 
puting the number of possible sample values first. Some Suit 
able methods for reduction of the data value range L are 
described in copending U.S. patent application Ser. No. 

(TI-68238), entitled "Adaptive Encoding of a Digital 
Signal with One or More Missing Values, filed on Jun. 18, 
2010, which is incorporated by reference herein in its entirety. 
In addition, some Suitable methods for data value range 
reduction are described in ITU-T G.711.0. 

0022. The encoding block size M for the frame is then 
determined (204). The encoding block size M may be any 
Suitable value and may be determined in any suitable way, 
e.g., a single empirically determined value, direct computa 
tion, table look-up, etc. The number of bits needed to encode 
the polynomial V computed for M samples is B-Mb. 
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Generally, good values for Mresult in Mb, being slightly less 
than an integer so that the coding inefficiency e=B-Mb is 
minimized. 
0023. In one or more embodiments of the invention, the 
value of the encoding block size M for the frame is selected 
such that the number of bits needed to encode the frame Bis 
minimized and the polynomial V computed for a sample 
block of size M contains a sufficiently small number of 
samples to comply with an encoding size constraint B, i.e., 
the number of bits required to represent V does not exceed B. 
The encoding size constraint B may have any suitable value 
and may be empirically determined. For a fixed-point imple 
mentation, the encoding size constraint B may be, for 
example, 15, i.e., the number of bits that represent a positive 
value in a 16-bit signed integer. In some embodiments of the 
invention, each data frame may be encoded with an integer 
number of bytes (each byte consisting of eight bits). In such 
embodiments, minimizing B/8 instead of simply minimiz 
ing B may be considered as part of selecting the encoding 
block size M. 

0024. Whether or not an encoding size constraint B, is 
considered, the data value range L of the frame may be con 
sidered in selecting the encoding block size M and, in some 
embodiments of the invention, the frame size N may also be 
considered. For example, the encoding block size M may be 
determined based on L and N by considering the trade-off 
between the coding efficiency and the number of values of V 
that would need to be calculated. For large values of N, a 
larger value of M may be selected in order to reduce the 
number of polynomial calculations for encoding the frame, 
even though the encoding efficiency may be slightly smaller 
than with a smaller value of M. Compare M-3 versus M=6 for 
L-5 in Tables 1 and 2 below. In another example, the encod 
ing block size M may be chosen based solely on L by choos 
ing the value of M for a given L that provides the best coding 
efficiency. For example, for L-5 in the in Tables 1 and 2, M=3 
would be selected, since that value provides maximum effi 
ciency in coding. 
0025. In some embodiments of the invention, information 
Such as the values of L and Mand/or a data value set indicator 
(data value sets are explained below in reference to FIG.3 and 
Table 3) need to be communicated to a decoder, and are 
encoded in the output bit stream in association with the 
encoded frame. To maximize efficiency, this information may 
be encoded in spare bits left over if the encoded frame data is 
transmitted as whole bytes. Thus, the need to transmit such 
information may also be considered when determining a 
value for M. 

0026. In some embodiments of the invention, the encoding 
block size M may be computed for each frame based on the 
above discussed criteria for selecting a value for M. In some 
embodiments of the invention, the encoding block size M 
may be empirically determined based on statistical analysis 
of relevant test cases instead of being computed at run time. 
The empirical determination would include consideration of 
the criteria for selecting the value of Mas discussed above. In 
some embodiments of the invention, M may be fixed for each 
frame. In some embodiments of the invention, the encoding 
block size M may be an empirically determined integer value 
that is a factor of the frame size(s), i.e., there will be no partial 
blocks in a frame. For example, if the possible frame sizes are 
40, 80, 160,240, and 320, M may be set to 5 for all frame 
sizes. In some embodiments of the invention, an empirically 
determined encoding block size may be provided for each 
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frame size and determining the encoding block size entails 
Selecting the encoding block size corresponding to the size of 
the received frame. In some embodiments of the invention, 
empirically determined encoding block sizes may be pro 
Vided for specific data value ranges. For example, if the data 
Value range L of a frame is 5, the encoding block size M may 
be set to 3, if the data value range L is 3 or 6, the encoding 
block size M may be set to 5, etc. 
0027. Referring again to FIG.2, the Nsample values of the 
frame are normalized (206). That is, the sample values I to 
I are mapped to normalized data values lo to 1. The 
normalization is performed to constrain the possible values of 
the polynomial V for purposes of coding efficiency. For 
example, if the distinct sample values in a frame are {-3, 0, 
3}, then L-3 when data value range reduction is used. Assum 
ing an encoding block size M3, the polynomial to be calcu 
lated is V-lo-l L+1.L. If the distinct sample values {-3, 0, 
3} are mapped to normalized data values {0, 1, 2}, then the 
minimum value of V is 0 and the maximum value is 26. This 
corresponds directly to the fact that for three distinct sample 
values and an encoding block size of M-3, there are 3-27 
possible combinations of the three distinct sample values. To 
maximize coding efficiency, it is desirable that the value of V 
have a range of twenty seven values. If the normalization is 
not performed, the range of values of V would be larger than 
twenty seven, which may lead to inefficient encoding. 
0028. Accordingly, normalized data values are deter 
mined and the actual sample values are mapped to the nor 
malized data Values. The normalized data values may be any 
Suitable values and the mapping of the actual sample values to 
the normalized sample values may be performed using any 
suitable mapping technique. For the above example, {-3,0.3} 
may be mapped to {2,1,0) or any permutation of {0,1,2}, as 
long as the decoder knows how the mapping was done. Fur 
ther, {-3.0.3 may be mapped to {-10, 1}. In this latter case, 
even though V may be positive or negative, it still satisfies the 
constraint that the range of values of V is 27. 
0029. In one or more embodiments of the invention, the 
sample values are normalized such that the values are 
adjusted to lie between 0 and L-1: 

l,-I-I n=0,..., N-1 (2) 

Further, in some embodiments of the invention, when data 
value range reduction is used, the normalization accounts for 
missing data values in the data value range. An example of 
normalization of sample values when data value range reduc 
tion is used is described in ITU-T G.711.0. 
0030. Once the encoding block size M is determined and 
the sample values are normalized, K=N/M consecutive 
blocks of M samples in the frame are encoded (208). That is, 
the polynomial value V is computed for M samples at a time. 
More specifically, for each data block kin the frame from 0 to 
K-1, a block polynomial value V is calculated as per Eq. (3). 

Y-la?tler, L+...+lear, L'' (3) 

After computation, each V value is encoded in the output 
bit-stream. In some embodiments of the invention, each value 
is encoded with B-Mb = M log(L) bits. In such 
embodiments, the encoding of the V values in Bibits may 
be, for example, a simple binary encoding of each V value 
into a binary number represented in B, bits. 
0031. After the K consecutive data blocks are encoded, 
any remaining samples in the frame are encoded (210). That 
is, if N-KM is not 0, the remaining m-N-KM samples are 
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encoded. That is, a partial block polynomial value V is 
calculated for the m samples as per Eq. (3) and the resulting 
value is encoded. 

After computation, the partial block polynomial value V. 
value is encoded in the output bit-stream. In some embodi 
ments of the invention, the partial block polynomial value is 
encoded with mb, bits. The steps 200-210 are repeated 
(212) for each frame in the digital signal that is to be encoded 
using block adaptive fractional-bit lossless encoding. 
10032. The total number of bits B, needed to encode N 
samples with the above method is 

Further, if N, L, and Mare known to the decoder, there is no 
need for transmission of extra information in addition to the 
bits representing the encoded data. The computational com 
plexity increase of embodiments of the above method as 
compared to to encoding each data value in the frame with B, 
bits is on the order of N additional multiplications and addi 
tions to calculate V for the encoded blocks. 
0033. In one or more embodiments of the invention, steps 
204-210 are performed solely for frames with selected values 
of the data value range L and that include selected combina 
tions of distinct sample values, i.e., selected data value sets. 
The selected data value sets, and their data value ranges, may 
be derived by analyzing the results of applying the method to 
relevant test digital signals to determine the data value sets 
that could benefit from application of the method, i.e., that 
had more efficient encoding with application of the method. 
The selected data value sets and data value ranges, or a Subset 
thereof, may then be used to determine if step 204-210 are to 
be performed for a frame. In such embodiments, after the data 
value range L of the received frame is computed, the data 
value range L. may be compared to the selected data value 
ranges. If the value of L is not equal to one of the selected data 
value ranges, steps 204-210 are not performed. If the value of 
L is equal to one of the selected data value ranges, then the 
distinct sample values in the frame may be compared to one or 
more of the selected data value sets that have the same data 
value range. If the distinct sample values in the frame are the 
same as those in one of these data value sets, then steps 
204-210 are performed. Otherwise, they are not performed. 
Table 3 below shows selected data value sets and data value 
ranges for an embodiment of the invention included in ITU-T 
G.711.O. 
0034. In the method of FIG. 2, ifB =b, or M=1, no bit-rate 
reduction is achieved. The number of bits per frame B is 
bound by NB,2B.2b, Nb, and the method is poten 
tially most effective when B, -b, s1. In general, B, would be 
minimized for M=N but, as was previously mentioned, the 
calculation of a possibly very large polynomial V as per Eq. 
(1) would be needed that would likely exceed the encoding 
size constraint B. Further, the rounding of B, to an integer 
number of bits introduces a “coding inefficiency' e that is 
maximized when the rounding occurs for each data sample, 
e e-N(b.-b), and minimized when performed once 
perframe, e, ex-Nb,-Nb, as would be done for the case 
of M-N. For the above method, the coding inefficiency e 
depends on the value of M, e-K(Mb,-Mb)+(mb 
mb). Note that e2e2ey. 
0035. As was previously mentioned, good candidates for 
the encoding block size M result in Mb, being slightly less 
than an integer so that the coding inefficiency e=B-Mb is 
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minimized. For example, Table 1 shows Mb, values for sev 
eral possible combinations of M and Land Table 2 shows the 
corresponding B and e Values. 

TABLE 1 

Mb M = M = 2 M = 3 M = 4 M- 5 M = 6 

L = 3 158 3.17 4.75 6.34 7.92 9.51 
L = S 232 4.64 6.97 9.29 11.61 13.93 
L = 6 2.58 5.17 7.75 10.34 12.92 15.51 

TABLE 2 

Be M = M = 2 M = 3 M = 4 M- 5 M = 6 

L = 3 2 (0.42 4 O.83 50.25 70.66 8 O.O8 100.49 
L = S 3 O.68 SO36 7 O.O3 100.71 12 O.39 14 O.O7 
L = 6. 30.42 6 O.83 80.25 11 O.66 13 O.08 16 0.49 

0036. As can be seen from these tables, to minimize the 
coding inefficiency e for data value ranges L equal 3, 5, and 6. 
good candidates for the respective encoding block sizes Mare 
5,3, and 5. Consider, for example, a case where the data value 
range L-5 and the frame size N=40. The minimum number of 
bits needed to encode a frame offorty samples, each taking on 
one of five possible values, would be 40 log(5)=93 bits 
(twelve bytes). Assuming an integer number of bits per 
sample, the number of bits used would be larger: 40 log(5) 
=120 (fifteen bytes). Applying the method with M-3 or M=5 
would result in twelve bytes perframe, equal to the minimum 
bytes needed to encode the frame and a three byte saving over 
assumption of an integer number of bits per sample. That is, 
for M-3, 40/3=13 blocks of three samples would be 
encoded with 7 bits per block and the one remaining sample 
would be encoded with three bits for the total of 13*7+3)/ 
8=12 bytes per frame. Similarly, for M=5, 40/5=8 blocks 
offive samples would be encoded with 12 bits per block for a 
total of (8*12)/8=12 bytes perframe. In this particular case, 
the M=5 configuration may be preferred as it provides similar 
performance to the M3 configuration and also provides an 
integer number of data blocks within a frame, thus eliminat 
ing the need to encode a partial block at the end of the frame. 
0037 Consider also a case where L-5 and the frame size 
N=160. The minimum number of bits needed to encode a 
frame of 160 samples would be 160 log(5)=258 bits (forty 
seven bytes) while the integer-number-of-bits-per-sample 
encoding would require 160 log(5)=480 bits (60 bytes). 
Applying the method with M-3 would result in 47 bytes per 
frame, i.e., (160/37+3)/8–47, and with M=5 would 
result in 48 bytes perframe, i.e., (L160/5*12)/848. There 
fore, the M-3 configuration would be preferred in this case 
and the achieved savings would be 13 bytes (from 60 bytes 
down to 47 bytes). 
0038. As another simple example, consider the case when 
L=6 and N=40. The minimum number of bits needed to 
encode a frame of 40 samples would be 40 log(6)=104 (13 
bytes) and with an integer number of bits per sample, the 
number of bits needed would be larger, 40 log(6)=120 (15 
bytes). Applying the method with M-5, the number of bits 
needed to encode the frame would be 40/5*13+0=104 (13 
bytes, the same as the minimum number of bits). In this case, 
two bytes would be saved, from fifteen bytes down to thirteen 
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bytes. For a frame of N=160 samples with L-6, the savings 
would be eight bytes, from sixty bytes down to fifty-two 
bytes. 
0039. In one or more embodiments of the invention, 
instead of determining a single encoding block size M for a 
frame, two or more encoding block sizes may be determined 
and used for encoding the N samples in the frame. The use of 
multiple block sizes in a frame may, for example, reduce the 
amount of computation needed to encode the frame while 
maintaining the same or close to the same coding efficiency as 
using a single block size. For example, if N=40 and L-5, two 
encoding block sizes, M=3 and M-6, may be selected. As 
can be seen in Table 2 above, the encoding block size M=3 
may yield a better coding efficiency than the encoding block 
size M=6, but the difference is very small. The forty samples 
may be divided into six encoding blocks of six samples each 
and one encoding block of three samples. Block polynomial 
values as per Eq. (3) are then computed for the six six-sample 
blocks and for the single three-sample block, and the block 
polynomial values are encoded. A partial block polynomial 
value as per Eq. (4) is also computed for the remaining sample 
in the frame and encoded. While encoding the frame with a 
single encoding block size of three may be slightly more 
efficient, fourteen polynomial calculations are required. 
Using the two encoding block sizes, some coding efficiency is 
sacrificed in exchange for reducing the number of polynomial 
calculations to eight. 
0040 FIG. 3 shows a block diagram of an audio encoder 
(300), e.g., the audio encoder (106) of FIG. 1, configured to 
perform block adaptive fractional-bit lossless encoding in 
accordance with one or more embodiments of the invention. 
More specifically, FIG.3 shows a high level block diagram of 
the ITU-T G.711.0 audio encoder for illustrative purposes. 
The audio encoder (300) includes a frame buffer (302), two 
coding tool selection components (304,306), twelve coding 
tools, and a multiplexer (308). The audio encoder (300) 
receives G.711 audio frames in the frame buffer (302). The 
frame size N may be 40, 80, 160,240, or 320 samples. Each 
frame is then provided to input selection component (304). 
0041. The input selection component (304) may select one 
of seven encoding tools, i.e., the three constant coding tools, 
the PM Zero Rice coding tool, the binary coding tool, the 
pulse mode coding tool, and the value-location coding tool, to 
which it is connected for encoding the frame based on an 
analysis of the audio frame and/or determine that the frame 
should be encoded by one of the five other coding tools, i.e., 
the mapped domain LP coding tool, the fractional-bit coding 
tool, the min-max level coding tool, the direct LP coding tool, 
and the uncompressed coding tool. The outputs of the latter 
five coding tools are provided to output selection component 
(306) which selects the best output of the five coding tools by 
analyzing the results of the coding tools. The output selection 
component (306) may not require a complete encoding by 
each of the five coding tools, but rather may estimate the 
resulting encoded frame sizes and select one of the coding 
tools for performing the actual encoding based on the esti 
mates. The multiplexer (308) selects which coding tool bit 
stream to output: the bit stream of the coding tool selected by 
the input selection component (304) or the bit stream of the 
coding tool selected by the output selection component (306). 
0042. The coding techniques provided by each of the cod 
ing tools are described in ITU-T G.711.0. Further, the value 
location coding tool may provide a coding technique as 
described in co-pending U.S. patent application Ser. No. 
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(TI-68090), entitled “Method and System For Loss 
less Value-Location Encoding.” filed on Jun. 18, 2010, which 
is incorporated by reference herein in its entirety. The coding 
technique described in ITU-T G.711.0 for the fractional-bit 
coding tool is an embodiment of the method for block adap 
tive fractional-bit lossless encoding of FIG. 2. In the 
described embodiment, the fractional-bit coding tool uses an 
empirically determined encoding block size M=5 for all 
frame sizes, the data value range L is determined based on the 
difference between the maximum and minimum values in the 
frame being encoded as previously described, and each block 
polynomial value V is placed in the output bit-stream using 
Mlog(L) bits. Further, the encoding size constraint Bused 
during the empirical determination of the value of M was 
fifteen to ensure that the polynomial values could be repre 
sented as positive numbers in a sixteen bit signed integer. 
0043. The described embodiment also solely encodes 
frames with selected values of the data value range L and that 
include selected combinations of distinct sample values, i.e., 
selected data value sets. Table 3 shows the selected data value 
ranges and data value sets. In this table, L' is the reduced value 
of the data value range L. This table also includes prefix codes 
that are used in lieu of encoding L and the minimum sample 
value in the output bit stream. Each prefix code represents a 
specific combination of data value set, data value range, and 
frame size. The data value sets in the table were determined 
by analysis of the results of applying the method of FIG. 2 to 
G.711 bit stream test cases. Data value sets were identified 
that showed bit rate reduction with the application of the 
method. The twelve data value sets that showed the most bit 
rate reduction were then chosen for the G.711.0 method 
embodiment. 

TABLE 3 

Prefix code for each frame length 

L. L. Data Value Sets 40 80 16O 240 320 

2 2 {0, 1} 2 14 20 24 28 
3 2 {-2, O} 4 16 22 26 30 
3 3 {-2, -1, 0} 6 18 — — — 
3 3 {-1, 0, 1} 7 19 — — — 
4 3 {-2, 0, 1} 5 17 
4 4 -2, -1, 0, 1} 3 15 21 25 29 
5 4 {-3, -2, 0, 1} 8 — — — — 
5 4 -2, 0, 1, 2} 10 — — — — 
5 5 {-2, -1, 0, 1, 2} 9 — — — — 
6 5 {-3, -2, 0, 1, 2} 12 — — — — 
6 6 {-3, -2, -1, 0, 1, 2} 11 — — — — 
7 6 {-4, -3, -2, 0, 1, 2} 13 — — — — 

0044. In one or more embodiments of the invention, the 
fractional-bit coding tool may provide coding functionality in 
accordance with one or more other embodiments of the 
method of FIG. 2. For example, the value of the encoding 
block size M may be adapted for each frame, may differ for 
each frame size, there may be two or more encoding block 
sizes for a frame, etc. 
0045 Embodiments of the methods and encoders 
described herein may be implemented in hardware, software, 
firmware, or any combination thereof. If implemented in 
Software, the Software may be executed in one or more pro 
cessors, such as a microprocessor, application specific inte 
grated circuit (ASIC), field programmable gate array 
(FPGA), or digital signal processor (DSP). Any included 
software may be initially stored in a computer-readable 
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medium Such as a compact disc (CD), a diskette, a tape, a file, 
memory, or any other computer readable storage device and 
loaded and executed in the processor. In some cases, the 
Software may also be sold in a computer program product, 
which includes the computer-readable medium and packag 
ing materials for the computer-readable medium. In some 
cases, the software instructions may be distributed via remov 
able computer readable media (e.g., floppy disk, optical disk, 
flash memory, USB key), via a transmission path from com 
puter readable media on another digital system, etc. 
0046 Embodiments of the methods and encoders for 
block adaptive fractional-bit encoding as described herein 
may be implemented for virtually any type of digital system 
(e.g., a desk top computer, a laptop computer, a handheld 
device Such as a mobile (i.e., cellular) phone, a personal 
digital assistant, a Voice over Internet Protocol (VOIP) com 
munication device such as a telephone, server or personal 
computer, etc.) with functionality to capture or otherwise 
generate digital signals. FIG. 4 shows a block diagram of an 
illustrative digital system (400) (e.g., a personal computer) 
that includes a processor (402), associated memory (404), a 
storage device (406), and numerous other elements and func 
tionalities typical of digital systems (not shown). In one or 
more embodiments of the invention, the digital system (400) 
may include multiple processors and/or one or more of the 
processors may be digital signal processors. 
0047. The digital system (400) may also include input 
means, such as a keyboard (408) and a mouse (410) (or other 
cursor control device), and output means, such as a monitor 
(412) (or other display device). The digital system (400) may 
also include an audio capture device (not shown) that includes 
circuitry (e.g., a microphone) for capturing audio sequences. 
The digital system (400) may include an audio encoder, e.g., 
the encoder of FIG. 3, with functionality to perform embodi 
ments of the method of FIG.2 as described herein. The digital 
system (400) may be connected to a network (not shown) 
(e.g., a local area network (LAN), a wide area network 
(WAN) such as the Internet, a cellular network, any other 
similar type of network and/or any combination thereof) via a 
network interface connection (not shown). Those skilled in 
the art will appreciate that the input and output means may 
take other forms. 
0048. Further, those skilled in the art will appreciate that 
one or more elements of the aforementioned digital system 
(400) may be located at a remote location and connected to 
the other elements over a network. Further, embodiments of 
the invention may be implemented on a distributed system 
having a plurality of nodes, where each portion of the system 
and software instructions may be located on a different node 
within the distributed system. In one embodiment of the 
invention, the node may be a digital system. Alternatively, the 
node may be a processor with associated physical memory. 
The node may alternatively be a processor with shared 
memory and/or resources. 
0049 Software instructions to perform embodiments of 
the invention may be stored on a computer readable medium 
Such as a compact disc (CD), a diskette, a tape, a file, memory, 
or any other computer readable storage device. The software 
instructions may be distributed to the digital system (400) via 
removable computer readable media (e.g., floppy disk, opti 
cal disk, flash memory, USB key), via a transmission path 
from computer readable media on another digital system, etc. 
0050. While the invention has been described with respect 
to a limited number of embodiments, those skilled in the art, 
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having benefit of this disclosure, will appreciate that other 
embodiments can be devised which do not depart from the 
Scope of the invention as disclosed herein. Accordingly, the 
scope of the invention should be limited only by the attached 
claims. It is therefore contemplated that the appended claims 
will cover any such modifications of the embodiments as fall 
within the true scope and spirit of the invention. 

What is claimed is: 
1. A method of encoding samples in a digital signal, the 

method comprising: 
receiving a frame of N samples of the digital signal; 
computing a data value range L of the N samples; 
determining a first encoding block size for the frame; 
mapping the N samples to normalized data values; 
computing a first block polynomial value for a block of 

samples in the frame of the first encoding block size; and 
encoding the first block polynomial value. 
2. The method of claim 1, further comprising: 
computing a partial block polynomial value for remaining 

samples in the frame; and 
encoding the partial block polynomial value. 
3. The method of claim 1, further comprising: 
determining a second encoding block size for the frame; 
computing a second block polynomial value for a block of 

samples in the frame of the second encoding block size; 
and 

encoding the second block polynomial value. 
4. The method of claim 1, wherein the data value range L. 

indicates a number of possible distinct sample values in the 
frame. 

5. The method of claim 1, wherein the data range value L 
indicates a number of actual distinct sample values in the 
frame. 

6. The method of claim 1, wherein the first encoding block 
size is an empirically determined value. 

7. The method of claim 1, wherein the first encoding block 
size is determined based on at least one selected from a group 
consisting of the data value range L, the value of N, and an 
encoding size constraint. 

8. An encoder for encoding a digital signal, the encoder 
comprising: 

a frame buffer component configured to receive a frame of 
N samples of the digital signal; and 

a fractional-bit coding component configured to encode the 
frame by: 
computing a data value range L of the N samples; 
determining a first encoding block size for the frame; 
mapping the N samples to normalized data values: 
computing a first block polynomial value for a block of 

samples in the frame of the first encoding block size; 
and 

encoding the first block polynomial value. 
9. The encoder of claim8, wherein the fractional-bit coding 

component is further configured to encode the frame by: 
computing a partial block polynomial value for remaining 

samples in the frame; and 
encoding the partial block polynomial value. 
10. The encoder of claim 8, wherein the fractional-bit 

coding component is further configured to encode the frame 
by: 
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determining a second encoding block size for the frame; 
computing a second block polynomial value for a block of 

samples in the frame of the second encoding block size; 
and 

encoding the second block polynomial value. 
11. The encoder of claim 8, wherein the data value range L. 

indicates a number of possible distinct sample values in the 
frame. 

12. The encoder of claim 8, wherein the data range value L 
indicates a number of actual distinct sample values in the 
frame. 

13. The encoder of claim 8, wherein the first encoding 
block size is an empirically determined value. 

14. The encoder of claim 8, wherein the first encoding 
block size is determined based on at least one selected from a 
group consisting of the data value range L, the value of N, and 
an encoding size constraint. 

15. A digital system configured to encode samples in a 
digital signal, the digital system comprising: 

means for receiving a frame of N samples of the digital 
signal; 

means for computing a data value range L of the N 
samples; 
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means for determining a first encoding block size for the 
frame; 

means for mapping the N samples to normalized data val 
lues, 

means for computing a first block polynomial value for a 
block of samples in the frame of the first encoding block 
size; and 

means for encoding the first block polynomial value 
16. The digital system of claim 15, further comprising: 
means for computing a partial block polynomial value for 

remaining samples in the frame; and 
means for encoding the partial block polynomial value. 
17. The digital system of claim 15, wherein the data value 

range L indicates one selected from a group consisting of a 
number of possible distinct sample values in the frame and a 
number of actual distinct sample values in the frame. 

18. The digital system of claim 15, wherein the first encod 
ing block size is an empirically determined value. 

19. The digital system of claim 15, wherein the first encod 
ing block size is determined based on at least one selected 
from a group consisting of the data value range L, the value of 
N, and an encoding size constraint. 

c c c c c 


