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Abstract

Dual-rate G.723.1 speech coder has been widely applied to
real-time video and teleconferencing applications where re-
duced bandwidth and good voice quality is required. This
paper presents an efficient implementation of G.723.1 speech
coder. To simplify the excitation quantization procedure
which is the most computationally demanding, we propose
fast algorithms for adaptive codebook and fixed codebook
search. In the fast adaptive codebook search, pitch delay and
pitch gains are computed sequentialy. In the fast fixed code-
book search, the codebook structure is redesigned based on
the interleaved single-pul se permutation (ISPP) design at high
rate mode and the depth-first tree search is applied instead of
nested-loop search at low rate mode. A real-time implementa-

tion is achieved using a 16-bit fixed-point TM S320C62x DSP.

The implemented G.723.1 speech coder requires 8.70 and
10.29 MHz clock cycles at low and high rate, respectively,
57.8 kByte of program memory and 55 kByte of data memory.
Thus, more than 16 channels of G.723.1 coder can be oper-
ated in real-time using a single TM S320C62x DSP.

1. Introduction

Explosive growth of Internet has attracted many industries to
focus on opportunities to enlarge their markets or to enter into
the highly promising telecommunication business such as
Voice over IP (VolP). In such applications, low bit rate
speech coders play an important role. Popular speech coders
used in these low bit-rate applications are ITU-T Recommen-
dation G.723.1 [1] and G.729 [2] speech coders.

ITU-T G.723.1 is one of the most widely used speech
coder due to its dual rate characteristic and good speech qual-
ity at a rate as low as 5.3kbit/s. This coder is associated with
two-bit rates, 5.3 and 6.3 kbit/s. It is known to provide good
speech quality at both rates, so that system designers can have
additional flexibility with it. The G.723.1 speech coder is an
advanced version of the TrueSpeech, multi-pulse maximum
likelihood quantization (MP-MLQ) and algebraic code-
excited linear prediction (ACELP) technologies developed by
DSP Group Inc., AudioCodes Ltd. and University de Sher-
brooke.

In this paper an efficient implementation of G.723.1
speech coder is presented. For the implementation, fast algo-
rithms for the codebook search procedure are developed, and
the developed fast algorithms are implemented using a 16-bit
fixed-point DSP.

G.723.1 is based on a code-excited linear prediction
(CELP) agorithm which is, in essence, linear predictive cod-
ing with an analysis-by-synthesis (ABS) search procedure.
Due to the ABS scheme used to efficiently model the excita-

tion signal, the adaptive codebook (ACB) and fixed codebook
(FCB) search is the most computationally demanding among
functional routines of G.723.1. Since G.723.1 uses a fifth
order pitch predictor to model the periodic component of the
excitation signal and the pitch delay and gains are searched
simultaneously, computational complexity generated by this
procedure is significant. G.723.1 employs the MP-MLQ exci-
tation at high-rate, and an ACELP at low-rate.

In this paper, we propose fast algorithms for the ACB and
FCB search. In the fast ACB search, pitch delay and pitch
gains are computed sequentialy. At first, the pitch delay is
computed using a 1%-order pitch predictor. And later, pitch
gains of the 5™-order pitch predictor are computed. Through
this approach, it is possible to reduce a significant amount of
the computational complexity necessary for ACB. For FCB
search, different schemes are applied to low and high rates,
respectively. At high rate mode, the codebook structure is
redesigned based on the interleaved single-pulse permutation
(ISPP) design, and at low rate mode, the depth-first tree
search is applied instead of nested-loop search. Comparing
with the origina G.723.1, the proposed agorithm results in
about 35-40% of the computationa reduction in the encoding
part.

Subjective preference tests and objective quality evalua
tions including segSNR, PSQM were conducted with various
speech sets. Test results confirmed that the proposed algo-
rithm could produce equivalent speech quality to the original
G.723.1. The proposed G.723.1 speech coder was imple-
mented using a 16-hit fixed-point TM S320C62x DSP.

This paper is organized as follows: Section 2 describes
G.723.1 speech coder. Section 3 proposes efficient codebook
search agorithms for G.723.1. In Section 4 and 5 we then
evaluate the objective and subjective performance of fast
G.723.1 and implement fast G.723.1 using fixed-point DSP.
Finally Section 6 provides a conclusion.

2. ITU-T G.723.1 speech coder

This section introduces overall encoding scheme of G.723.1.
Encoder transmits 20 or 24-byte packet from 30 msec frame
(240 samples at 8kHz), resulting in dual bit rates of 5.3 or 6.3
kbit/s. Each frame is first high pass filtered to remove the DC
component and then divided into four subframes of 60 sam-
ples each. For every subframe, a 10th order linear prediction
coefficients (LPC) are computed using the unprocessed input
signal. The LPC filter for the last subframe is quantized using
a predictive split vector quantization (PSVQ) and then trans-
mitted to the decoder. The unquantized LPC are used to con-
struct the short-term perceptual weighting filter, which is used
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to filter the entire frame and to obtain the perceptualy
weighted speech signal.

For every two subframe, the open-loop pitch period is
computed using the weighted speech signal. This pitch esti-
mation is performed on blocks of 120 samples. The pitch
period is searched in the range from 18 to 142 samples.

From this point the speech is processed on a 60 samples
per subframe basis. Using the estimated pitch period com-
puted previously, a harmonic noise shaping filter is con-
structed. The combination of the LPC synthesis filter, the
formant perceptual weighting filter, and the harmonic noise
shaping filter is used to create an impulse response. The im-
pulse response is then used for further computations.

In ACB search, a closed-loop pitch predictor is computed
using the pitch period estimation and the impulse response. A
fifth order pitch predictor is used to model the periodic com-
ponent of the excitation. The ACB is searched by minimizing
the mean sguare error between the weighted speech signal,
t(n), and the weighted synthesis speech, {(n), given by:
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where G,’s are the pitch predictor gains and N is the sub-

frame size. In practice, the optimum pitch and gains are
searched to maximize the following term of Eq. (2).
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The pitch period is computed as a small differential value
around the open-loop pitch estimate or the previous subframe
lag. In other words, for first and third subframes the closed-
loop pitch lag is selected from around the appropriate open-
loop pitch lag in the range +1 and coded using 7 bits. For
second and fourth subframes the closed-loop pitch lag is
coded differentially using 2 bits and may differ from the pre-
vious subframe lag only by -1, 0, 1, or 2. The pitch predictor
gains are vector quantized using two codebooks with 85 or
170 entries for the high bit rate and 170 entries for the low bit
rate. The contribution of the pitch predictor is then subtracted
form the initial target vector to obtain the residual signal for
FCB search. Both the pitch period and the differential value
are transmitted to the decoder.

Finaly the non-periodic component of the excitation is
approximated. For the high bit rate, MP-MLQ excitation is
used, and for the low bit rate, an ACELP is used. The MP-
MLQ block vector quantization resembles the algebraic vec-
tor quantization procedure: six pulses with sign +1 for the
first and third subframes and five pulses with sign +1 for the
second and fourth subframes are searched with an ABS MSE
procedure. There is aso a restriction on pulse positions.
These can be either al odd or all even. This will be indicated
by a grid bit. The FCB gain is scalar quantized by a logarith-
mic quantizer which is common to both rates and consists of
24 steps, of 3.2 dB each. For the lower bit rate, the ACELP
codebook was tuned to fit the bit rate of 5.3 kbps. A 17-bit
agebraic codebook is used for the fixed codebook excitation.
Each fixed codevector contains, at most, four non-zero pulses.
The search is performed in 4 nested loops, corresponding to
each pulse positions, where in each loop the contribution of a

new pulse is added. The 4 pulses can assume the signs and
positions givenin Table 1.

Table 1. ACELP excitation codebook at low bit rate

Pulse | Sign Positions
io +1 0, 8,16, 24, 32, 40, 48, 56
i1 +1 2, 10, 18, 26, 34, 42, 50, 58
i +1 4,12, 20, 28, 36, 44, 52,
is +1 6, 14, 22, 30, 38, 46, 54,

3. Fast G.723.1 Encoder

3.1. Fast ACB search

To model the periodic component of the excitation signd, a
fifth order pitch predictor is used. Since the pitch delay and
pitch gain are searched simultaneously, this process is compu-
tationally demanding. For efficient ACB search, pitch delay
and pitch gain are computed sequentialy. This algorithm
enables the system to save significant computational power.
At firgt, the pitch delay is computed using a 1st order pitch
predictor to minimize the mean sguare error between the
weighted speech signal and the weighted synthesis speech
given by:

MSE, ., = NZﬁl(t(n) -gf(n-1), (©)

n=

where ¢ is the pitch predictor gain. The procedure to mini-

mize the Eq. (3) isidentica to the procedure to maximize the
following term of Eq. (4).
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After above procedure to determine the closed-loop pitch

L°'P, the pitch gains of the 5th order pitch predictor are com-
puted as Eq. (5). The pitch gains are given in the table which
is redesigned according to the range of g's value. The num-
ber of entries in redesigned table is fixed to 85. While the
origina search tests 170 entries for 13 iterations per frame,
the proposed agorithm tests 85 entries for 4 iterations per
frame.
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3.2. Fast FCB search

The random component of excitation is approximated by MP-
MLQ or ACELP according to bit rate. In high bit rate, the
FCB excitation is searched by MP-MLQ based on multipulse
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excitation. The parameters estimation and quantization proc-
esses are based on an ABS method. First the gain parameter is
estimated and then quantized by a logarithmic quantizer. For
each of the gains around this quantized value, the signs and
locations of the pulses are sequentially optimized. This proce-
dureis repeated for both the odd and even grids. We apply the
efficient search algorithm for fast FCB search. The proposed
agorithm is based on agebraic codebook, which has advan-
tages in terms of storage, search complexity, and robustness.
The 60 positions in a subframe are divided into severa tracks
based on an ISPP (interleaved single-pulse permutation) de-
sign. The number of tracksis 5 or 6 and means to the number
of pulse to search in each subframe. Each pulse can have ei-
ther the amplitudes +1 or —1, and can assume the positions
givenin Table2.

Table 2: ACELP excitation codebook for high bit rate

Pulse | Sign Positions
io *1 0, 12, 24, 36, 48
i1 +1 2,14, 26, 38,50
[P *1 4,16, 28, 40, 52
i3 +1 6, 18, 30, 42, 54
ig *1 8, 20, 32, 44, 56,
i9 | ey | 10,22,34,46,58

In low bit rate, a 17-bit algebraic codebook is used for the
fixed codebook excitation. Each fixed codevector contains, at
most, four non-zero pulses. In order to simplify the search
procedure, the pulse signs are preset by considering the sign
of the backward-filtered signal. Having preset the pulse am-
plitudes, the optimal pulse positions shall be determined using
an nested-loop search. The search is performed in 4 nested
loops, corresponding to each pulse positions, where in each
loop the contribution of a new pulse is added. For a fast
search procedure, a precomputed threshold is tested before
entering the last loop, and the loop is entered only if this
threshold is exceeded. In order to further speed up the search
procedure, we apply the non-exhaustive ABS search tech-
nique. The search criterion is tested for a smaller percentage
of possible position combinations using a depth-first tree
search approach. In this approach, the 4 pulses are grouped
into 2 pairs of pulses. The pulses are partitioned into two
subsets of two pulses. The pulse positions shall be determined
sequentialy one pair at stime. Similarly to the search process
in higher rate, the search procedure is repeated for both the
odd and even grids. Thus, in total 256{=2x(8x8+8x8)} posi-
tion combinations are tested.

4. Performance Evaluations

We applied the fast algorithms described in Section 3 to
G.723.1 encoder and evaluated the objective and subjective
performance of the developed methods. segSNR and PSQM
[3] are used for objective evaluation measures. 8 sec sen-
tences were recorded with two male and female speakers un-
der quiet environment, and the speech was sampled at 8kHz.

Theresults for G.723.1 and fast G.723.1 are shown in Table 3.

Asshown in Table 3, fast G.723.1 brings a slight degradation
of performance in terms of segSNR and PSQM.

The subjective listening tests were performed via a prefer-
ence test. Four Korean sentences of two female and two male
were used for the evaluation. 20 subjects were participated in
the tests. Table 4 summarizes the results of subjective tests.
Results in Table 4 confirmed that the difference of subjective
quality between the origina G.723.1 and the fast G.723.1 was
not noticeable in spite of small degradation of SNR.

We implemented fast agorithms using a fixed-point
TMS320C62x DSP [4]. Each math operation was replaced by
its corresponding TMS320C62x intrinsic [5]. Table 5 com-
pares the computational complexities of original method and
the devel oped method. The computational saving with the fast
FCB search method was significant. In comparison to the
original routine, the fast ACB search method was imple-
mented with only 57.0 % of DSP cycles and fast FCB search
method implemented with only 33.7 % and 42.8 % in high
and low rate respectively.

Table 3: Results of objective measurement

Objective results G.723.1 | Fast G.723.1

SegSNR 5.3kbps | 13.69 13.25

[dB] | 6.3kbps | 15.00 14.68
5.3Kkbps | 1.8389 1.8955
6.3kbps | 1.5980 1.6852

PSQM

Table 4: Results of subjective test

Origina (A) : Fast (B)
Preference test
6.3 kbps 5.3 kbps
Preference A 35 30
Preference B 20 15
No preference 45 45

Table 5: The execution cycles per framein ACB and

FCB search
SEELE G7231 | FatG.723.1
cycles
ACB search 283378 | 161548

FCB 5.3kbps | 211022 71176
search 6.3kbps | 562328 240615

5. Implementation

To implement fast G.723.1 speech coder using fixed-point
TMS320C62x DSP, fast G.723.1 was optimized in C com-
piler environment. Firstly, we use TMS320C62x intrinsics
instead of math operations in fixed-point C code. The data
memory can be characterized into static data memory and



Eurospeech 2001 - Scandinavia

dynamic data memory. Static data memory includes static
variables and arrays whose vaues have to be kept from one
frame to the next. Dynamic data memory includes the stack
memory required to process the speech data in the vocoder.
Static and dynamic data memory measured are 2.4 kBytes
and 7 kBytes respectively. Memory for tables is about 19
kBytes.

Table 6: Complexities of finally optimized code

] G7231 | Fast G.7231
modules
LPC/LSP 120960 30017
computation
Open-loop 61626 40672
pitch search
ACB search 374706 128120
search | g3kbps | 562328 103120
Others 15322 5989
53kbps | 783636 261106
Sum
6.3kbps | 1134942 308818

In order to efficiently implement G.723.1 speech coder,
we performed software optimization for TM S320C62x DSP.
As the darting point for realtime operation we used
TMS320C62x intrinsics and checked the execution cycles per
frame for the DSP-ported verification model software from
ITU-T. As the result, it had execution cycles of 748119 and
1124559 cycles per frame at 5.3 kbps and 6.3 kbps respec-
tively.

Table 7: DSP MIPS and memory requirements of fast

G.723.1 encoder

Maximum # of Memory [kByte]

DSP h ith
Encoder Mmips _© annel's wit Program Data

C6201@200MHZ | memory | memory
5.3kbps| 8.70 20 (174 MHz)
57.8 55
6.3kbps| 10.29 | 17 (175MHz)

At the first step to the realtime operation, we selected
time-critical function modules after profiling, which must be
optimized to get the goal of realtime operation. These mod-
ules are the ACB and FCB search and have overload of
66~75 % of the whole execution cycles. In the next imple-
mentation step, we applied fast search algorithms described in
Section 3 to G.723.1 encoder. Finally, we performed C-
language and assembly-language level optimizations using C
compiler for TMS320C62x. We modified the C-program
structure to generate the most efficient assembly code. We
used the basic optimization techniques such as loop-unrolling
and double word loading, and atered the structure of the

functional routines in C program by hand optimization. Table
6 shows the complexities of finaly optimized assembly code
and Table 7 shows the number of execution cycles and the
memory requirements. The implemented G.723.1 speech
coder requires 8.70 and 10.29 MHz clock cycles at low and
high rate, respectively, 57.8 kByte of program memory and 55
kByte of data memory. Thus, more than 16 channels of
G.723.1 coder can be operated in real-time using a single
TMS320C62x DSP.

6. Conclusions

In this paper, an efficient implementation of G.723.1 speech
coder has been presented. The real-time implementation was
based on a 16-bit fixed-point digital signal processor
(TMS320C62x). In order to simplify the ACB and FCB search
which is the most computational intensive routines in G.723.1
encoder, efficient search schemes are were developed. Infor-
mal subjective tests confirmed that the difference of the syn-
thesized speech quality between the original G.723.1 and the
fast agorithm was not noticeable. The implemented G.723.1
speech coder requires 8.70 and 10.29 MIPS of computing
speed at low and high rate respectively, 57.8 kByte of program
memory and 55 kByte of data memory. This result means that
17- and 20-channel fast G.723.1 coder can be implemented
using TMS320C62x DSP at high and low rate respectively.
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