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FOREWORD 1 

These technical requirements form a standard for Service Option 56, a variable-rate 2 
two-way speech service option.  The maximum speech-coding rate of the service option is 3 
8.55 kbps. 4 

This standard does not address the quality or reliability of Service Option 56, nor does it 5 
cover equipment performance or measurement procedures. 6 

7 
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NOTES 1 
1. Accompanying  “Recommended Minimum Performance Standard for the Selectable 2 

Mode Vocoder, Service Option 56,” provides specifications and measurement methods. 3 

2. “Base station” refers to the functions performed on the land-line side, which are 4 
typically distributed among a cell, a sector of a cell, a mobile switching center, and a 5 
personal communications switching center. 6 

3. This document uses the following verbal forms:  “Shall” and “shall not” identify 7 
requirements to be followed strictly to conform to the standard and from which no 8 
deviation is permitted.  “Should” and “should not” indicate that one of several 9 
possibilities is recommended as particularly suitable, without mentioning or excluding 10 
others; that a certain course of action is preferred but not necessarily required; or that 11 
(in the negative form) a certain possibility or course of action is discouraged but not 12 
prohibited.  “May” and “need not” indicate a course of action permissible within the 13 
limits of the standard.  “Can” and “cannot” are used for statements of possibility and 14 
capability, whether material, physical, or causal. 15 

4. Footnotes appear at various points in this specification to elaborate and further clarify 16 
items discussed in the body of the specification. 17 

5. Unless indicated otherwise, this document presents numbers in decimal form. 18 

 Binary numbers are distinguished in the text by the use of single quotation marks.  In 19 
some tables, binary values may appear without single quotation marks if table notation 20 
clearly specifies that values are binary.  The character ‘x’ is used to represent a binary 21 
bit of unspecified value.  For example ‘xxx00010’ represents any 8-bit binary value such 22 
that the least significant five bits equal ‘00010’. 23 

 Hexadecimal numbers (base 16) are distinguished in the text by use of the form 0xh…h 24 
where h…h represents a string of hexadecimal digits.  For example, 0x2fa1 represents a 25 
number whose binary value is ‘10111110100001’ and whose decimal value is 913. 26 

27 
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NOTES  1 
6. The following conventions apply to mathematical expressions in this standard: 2 

• x indicates the largest integer less than or equal to x:  1.1 = 1, 1.0 = 1. 3 

• x indicates the smallest integer greater than or equal to x:  1.1 = 2, 2.0 = 2. 4 

• |x| indicates the absolute value of x:  |-17|=17, |17|=17. 5 

• ⊕ indicates exclusive OR. 6 

• min(x, y) indicates the minimum of x and y. 7 

• max(x, y) indicates the maximum of x and y. 8 

• In figures, ⊗ indicates multiplication.  In formulas within the text, multiplication is 9 
implicit.  For example, if h(n) and pL(n) are functions, then h(n) pL(n) = h(n) ⊗ pL(n). 10 

• x mod y indicates the remainder after dividing x by y:  x mod y = x - (y x/y). 11 

• round(x) is traditional rounding:  round(x) = x + 0.5. 12 

  
sign x( ) =

1 x ≥ 0
−1 x < 0

 
 
 

.
 

13 

• ∑ indicates summation.  If the summation symbol specifies initial and terminal 14 
values, and the initial value is greater than the terminal value, then the value of the 15 
summation is 0.  For example, if N=0, and if f(n) represents an arbitrary function, 16 
then 17 

  
f n( ) = 0.

n =1

N

∑  
18 

• The bracket operator, [ ], isolates individual bits of a binary value.  VAR[n] refers to 19 
bit n of the binary representation of the value of the variable VAR, such that VAR[0] 20 
is the least significant bit of VAR.  The value of VAR[n] is either 0 or 1. 21 

22 
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 1 

1 SERVICE OPTION 56: SELECTABLE MODE VOCODER TWO-WAY 2 
VOICE COMMUNICATION 3 

 4 

1.1 General Description 5 
Service Option 56, the Selectable Mode Vocoder (SMV), provides two-way voice 6 
communication between the base station and the mobile station using the dynamically 7 
variable data rate speech codec algorithm described in this standard.  The transmitting 8 
speech codec receives voice samples and generates an encoded speech packet for every 9 
Fundamental Channel Traffic Channel frame.†  The receiving station generates a speech 10 
packet from every Fundamental Channel Traffic Channel frame and supplies it to the 11 
speech codec for decoding into voice samples. 12 
SMV  communicates at one of four rates: 9600 bps, 4800 bps, 2400 bps and 1200 bps. 13 

1.2 Overview of SMV Documentation 14 
The SMV specification family consists of two standards. This standard provides the 15 
algorithmic description of the SMV as well as the floating-point C-simulation of the codec. 16 
The companion minimum performance standard, “Recommended Minimum Performance 17 
Standard for the Selectable Mode Vocoder, Service Option 56”, consists of the master fixed-18 
point C-simulation of the SMV as well as a minimum performance specification. The 19 
minimum performance specification consists of a set of objective and subjective tests used 20 
to verify the quality of any non bit-exact SMV implementation. 21 
Section 2 of this standard provides information on the interfaces between SMV and IS-2000 22 
systems.  Section 3 provides information on the audio interfaces to SMV.  The specifications 23 
given by Sections 4, 5, and 6 of this standard provide the algorithmic description of SMV at 24 
a high level. Section 7 provides a description of the in-band data capabilities of SMV.  The 25 
floating point C-code accompanying this document provides a more detailed complementary 26 
description of SMV. In the case of a discrepancy between the floating-point C-simulation 27 
and the algorithmic description, the floating-point C-simulation will prevail.  28 

1.3 SMV Algorithmic Options 29 
The specifications defined in SMV Encoder Pre-Processing (Section 5.2), Voice Activity 30 
Detection (Sections 5.3.2 and 5.3.3), Music Detection (Section 5.3.4), Frame Erasure 31 
Concealment (Section 6.8), and Post-Processing (Section 6.9), are optional for non bit-exact 32 
implementations intended for varying operational environments, such as base-station, 33 
mobile station handsets and in-vehicle hands-free.  34 
There are two algorithmic options for both the Noise Suppression and the Voice Activity 35 
Detection modules as described below. 36 
 37 

                                                 
† IS-2000-A uses the term “frame” to represent a 20 ms grouping of data on the Fundamental 
Channel.  Common speech codec terminology also uses the term “frame” to represent a quantum of 
processing.  For Service Option 56, the speech codec frame corresponds to speech sampled over 20 
ms. The speech samples are processed into a packet.  This packet is transmitted in a Traffic Channel 
frame. 
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1.3.1 Standard Options for Noise Suppression 1 
This standard defines two options (A and B) for Noise Suppression as described in Section 2 
5.2.3. These two options are selected in the SMV simulation code by using the flags NS_A, 3 
and NS_B. If the option NS_A is chosen, the total fixed algorithmic delay of the codec is 33 4 
ms. If the option NS_B is chosen, the total fixed algorithmic delay at the codec is 30 ms. 5 
 6 
1.3.2 Standard Options for Voice Activity Detection 7 
This document defines two options (A and B) for Voice Activity Detection as described in 8 
Sections 5.3.2 and 5.3.3. These two options are selected in the SMV simulation code by 9 
using the flags VAD_A, and VAD_B respectively. VAD_A was used in the original SMV 10 
candidate in the selection phase. VAD_B is based on the Rate Determination algorithm in 11 
IS-127 (EVRC), requires less program memory, and reuses modules from earlier 12 
implementations of IS-127. 13 

1.4 SMV Implementation Options 14 
There are two options available for implementation of the SMV: 15 
 16 
If a bit-exact implementation approach is chosen, the implementation that is developed 17 
shall be end-to-end bit-exact to the reference fixed-point C-simulation set to one of the four 18 
possible combinations of noise suppression and voice activity detection.  Bit-exactness is 19 
verified via application of the associated SMV minimum performance standard [8], which 20 
includes the reference fixed-point codec simulation. 21 
 22 
Alternatively, an implementation that deviates from the end-to-end bit-exact SMV 23 
specification described above may be developed.  Such an implementation shall pass 24 
objective and subjective tests defined by the SMV minimum performance standard [8].  The 25 
master floating-point SMV in such a subjective test shall use Noise Suppression option B 26 
and Voice Activity Detection option B since the SMV standard codec Characterization Test 27 
was performed using Noise Suppression option B and Voice Activity Detection option B. 28 
 29 

1.5 Service Option Number 30 
The variable data rate two-way voice service option, using the speech codec algorithm 31 
described by this standard, shall use service option number 56 and shall be called Service 32 
Option 56. 33 
 34 
1.6 Allowable Delays 35 
1.6.1 Allowable Transmitting Speech Codec Encoding Delay 36 
The transmitting speech codec shall supply a packet to the multiplex sublayer no later than 37 
20 ms after it has obtained the last input sample for the current speech frame. 38 
 39 
1.6.2 Allowable Receiving Speech Codec Decoding Delay 40 
The receiving decoder shall generate the first sample of speech using parameters from a 41 
packet supplied to it by the multiplex sublayer no later than 3 ms after being supplied the 42 
packet. 43 
 44 
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1.7 Special Cases 1 
1.7.1 Blanked Packets 2 
A blanked frame occurs when the transmitting station uses the entire frame for either 3 
signaling traffic or secondary traffic.  The SMV does no special encode processing during 4 
the generation of a blank packet; i.e., the generated voice packet is simply not used.  The 5 
decoder, in turn, treats a blank packet in the same manner as a frame erasure. 6 
 7 
1.7.2 Null Traffic Channel Data 8 
A Rate 1/8 packet with all bits set to ‘1’ is considered as null Traffic Channel data.  This 9 
packet is declared an erased packet and handled as described in Section 6.8. 10 
 11 

1.8 Terms and Numeric Information 12 
Autocorrelation Function.  A function showing the relationship of a signal with a time-13 
shifted version of itself. 14 
Base Station.  A station in the Public Radio Telecommunications Service, other than a 15 
personal/mobile station, used for radio communications with personal/mobile stations. 16 
Codec.  The combination of an encoder and decoder in series (encoder/decoder). 17 
Code Excited Linear Predictive Coding (CELP).  A speech coding algorithm.  CELP coders 18 
use codebook excitation, a long-term pitch prediction filter, and a short-term formant 19 
prediction filter. 20 
Codebook.  A set of vectors used by the speech codec.  For each speech codec codebook 21 
subframe, one particular vector is chosen and is used to excite the speech codec’s filters.  22 
The codebook vector is chosen to minimize the weighted error between the original and 23 
synthesized speech after the pitch and formant synthesis filter coefficients have been 24 
determined. 25 
Coder.  Same as “encoder.” 26 
Decoder.  Generally, a device for the translation of a signal from a digital representation 27 
into an analog format.  For this standard, a device that converts speech encoded in the 28 
format specified in this standard to analog or an equivalent PCM representation. 29 
Encoder.  Generally, a device for the translation of a signal into a digital representation.  30 
For this standard, a device that converts speech from an analog, or from its equivalent PCM 31 
representation, to the digital representation described in this standard. 32 
Formant.  A resonant frequency of the human vocal tract causing a peak in the short term 33 
spectrum of speech. 34 
IIR Filter.  (Infinite-duration impulse response filter) A filter for which the output, in 35 
response to an impulse input, never totally converges to zero.  This term is usually used in 36 
reference to digital filters. 37 
Linear Predictive Coding (LPC).  A method of predicting future samples of a sequence by a 38 
linear combination of the previous samples of the same sequence.  Linear Predictive Coding 39 
is frequently used in reference to a class of speech codecs. 40 
Line Spectral Frequencies (LSFs).  A representation of digital filter coefficients in a 41 
pseudo-frequency domain.  This representation has good quantization and interpolation 42 
properties. 43 
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LSB.  Least significant bit. 1 
MSB.  Most significant bit. 2 
Normalized Autocorrelation Function.  A measure used to determine the pitch period 3 
and the degree of periodicity of the input speech.  This measure is useful in distinguishing 4 
voiced from unvoiced speech. 5 
Packet.  The unit of information exchanged between service option applications in the base 6 
station and the personal/mobile station. 7 
Personal/Mobile Station.  A station in the Public Radio Telecommunications Service 8 
intended to be used while in motion or during halts at unspecified points. 9 
Pitch.  The fundamental frequency in speech caused by the periodic vibration of the 10 
human vocal cords. 11 
RDA.  Rate Determination Algorithm. 12 
Receive Objective Loudness Rating (ROLR).  A measure of receive audio sensitivity.  13 
ROLR is a frequency-weighted ratio of the line voltage input signal to a reference encoder to 14 
the acoustic output of the receiver.  IEEE 269 defines the measurement of sensitivity and 15 
IEEE 661 defines the calculation of objective loudness rating. 16 
SPL.  Sound Pressure Level. 17 
Transmit Objective Loudness Rating (TOLR).  A measure of transmit audio sensitivity.  18 
TOLR is a frequency-weighted ratio of the acoustic input signal at the transmitter to the 19 
line voltage output of the reference decoder.  IEEE 269 defines the measurement of 20 
sensitivity and IEEE 661 defines the calculation of objective loudness rating. 21 
Voiced Speech.  Speech generated when the vocal cords are vibrating at a fundamental 22 
frequency.  Characterized by high energy, periodicity, and a large ratio of energy below 23 
2 kHz to energy above 2 kHz. 24 
Unvoiced Speech.  Speech generated by forcing air through constrictions in the vocal tract 25 
without vibration of the vocal cords.  Characterized by a lack of periodicity, and a near-26 
unity ratio of energy below 2 kHz to energy above 2 kHz. 27 
WAEPL.  Weighted Acoustic Echo Path Loss.  A measure of the echo performance under 28 
normal conversation.  ANSI/EIA/TIA-579 defines the measurement of WAEPL. 29 
Zero Input Response (ZIR).  The filter output caused by the non-zero initial state of the 30 
filter when no input is present. 31 
Zero State Response (ZSR).  The filter output caused by an input when the initial state of 32 
the filter is zero. 33 
ZIR.  See Zero Input Response. 34 
ZSR.  See Zero State Response. 35 

36 
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2 REQUIRED MULTIPLEX OPTION SUPPORT 1 
Service Option 56 shall support an interface with Multiplex Option 1.  Speech packets for 2 
Service Option 56 shall only be transported as primary traffic. 3 
 4 
2.1 Interface to Multiplex Option 1 5 

2.1.1 Transmitted Packets 6 
The speech codec shall generate and shall supply exactly one packet to the multiplex 7 
sublayer every 20 milliseconds.  The packet contains the service option information bits 8 
that are transmitted as primary traffic.  The packet shall be one of four types as shown in 9 
Table 2.1-1.  The number of bits supplied to the multiplex sublayer for each type of packet 10 
shall also be as shown in Table 2.1-1.  Unless otherwise commanded, the speech codec 11 
may supply a Rate 1, Rate 1/2, Rate 1/4, or Rate 1/8 packet.  Upon command, the speech 12 
codec shall generate a Blank packet.  Also upon command, the speech codec shall generate 13 
a non-blank packet with a maximum rate of Rate 1/2. 14 
A Blank packet contains no bits and is used for blank-and-burst transmission of signaling 15 
traffic or secondary traffic (see IS-2000.3-A and IS-2000.5-A). 16 
 17 

Table 2.1-1. Packet Types Supplied by Service Option 56 to the Multiplex Sublayer 18 

Packet Type Bits per Packet 

Rate 1 171 

Rate 1/2 80 

Rate 1/4 40 

Rate 1/8 16 

Blank 0 
 19 

2.1.2 Received Packets 20 
The multiplex sublayer in the receiving station categorizes every received Traffic Channel 21 
frame, and supplies the packet type and accompanying bits, if any, to the speech codec as 22 
shown in Table 2.1-1Table 2.1-1.  The speech codec processes the bits of the packet as 23 
described in Section 6.  The received packet types shown in Table 2.1-2Table 2.1-2 24 
correspond to the transmitted packet types shown in Table 2.1-1Table 2.1-1.  The Blank 25 
packet type occurs when the receiving station determines that a blank-and-burst frame for 26 
signaling traffic or secondary traffic was transmitted.  The Rate 1 with bit errors packet 27 
type occurs when the receiving station determines that the frame was transmitted at 9600 28 
bps and the frame has one or more bit errors.  The insufficient frame quality packet type 29 
occurs when the mobile station is unable to decide upon the data rate of the received frame 30 
or when the mobile station detects a frame in error that does not belong to the Rate 1 with 31 
bit errors packet type.  32 
 33 
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Table 2.1-2. Packet Types Supplied by the Multiplex Sublayer to Service Option 56 1 

Packet Type  Bits per Packet 

Rate 1 171 

Rate 1/2 80 

Rate 1/4 40 

Rate 1/8 16 

Blank 0 

Rate 1 with bit errors 171 

Insufficient frame quality (erasure) 0 
 2 

2.2 Negotiation for Service Option 56 3 
The mobile station and base station can negotiate for Service Option 56 service negotiation, 4 
as described in IS-2000.5-A.   5 

2.2.1 Procedures Using Service Negotiation 6 
The mobile station and base station shall perform service negotiation for Service Option 56 7 
as described in IS-2000.5-A, and the negotiated service configuration shall include only 8 
valid attributes for the service option as specified in Table 2.2-1Table 2.2-1. 9 
 10 

Table 2.2-1. Valid Service Configuration Attributes for Service Option 56 11 

Service Configuration Attribute Valid Selections 

Forward Multiplex Option Multiplex Option 1 

Reverse Multiplex Option Multiplex Option 1 

Forward Transmission Rates Rate Set 1 with all rates enabled 

Reverse Transmission Rates Rate Set 1 with all rates enabled 

Forward Traffic Type Primary Traffic 

Reverse Traffic Type Primary Traffic 
 12 

2.2.1.1 Initialization and Connection 13 

2.2.1.1.1 Mobile Station Requirements 14 

If the mobile station accepts a service configuration, as specified in a Service Connect 15 
Message, General Handoff Direction Message, or Universal Handoff Direction Message that 16 
includes a service option connection using Service Option 56, the mobile station shall 17 
perform the following: 18 

• If the service option connection is new (that is, not part of the previous service 19 
configuration), the mobile station shall perform speech codec initialization at the time 20 
specified by the maximum of the action time associated with the message carrying 21 
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the Service Configuration Record, and the time that the corresponding Call Control 1 
Instance is instantiated. The mobile station shall initialize its SMV encoder mode of 2 
operation to a default value of 0. The mobile station shall complete the initialization 3 
within 40 ms.   4 

• Beginning at the time specified by the maximum of the action time associated with 5 
the message carrying the Service Configuration Record, and the time that the 6 
corresponding Call Control Instance is instantiated, and continuing for as long as the 7 
service configuration includes the service option connection, Service Option 56 shall 8 
process received packets and generate and supply packets for transmission as 9 
follows: 10 

- If the Call Control Instance is in the Conversation Substate, Service Option 56 11 
shall process the received packets and generate and supply packets for 12 
transmission in accordance with this standard. 13 

- If the Call Control Instance is not in the Conversation Substate, Service Option 14 
56 shall process the received packets in accordance with this standard, and 15 
shall generate and supply Rate 1/8 Packets with all bits set to ‘1’ for 16 
transmission, except when commanded to generate a Blank packet.  17 

2.2.1.1.2 Base Station Requirements 18 

If the base station establishes a service configuration, as specified in a Service Connect 19 
Message, General Handoff Direction Message, or Universal Handoff Direction Message that 20 
includes a service option connection using Service Option 56, the base station shall 21 
perform the following: 22 

• If the service option connection is new (that is, not part of the previous service 23 
configuration), the base station shall perform speech codec initialization no later 24 
than the time specified by the maximum of the action time associated with the 25 
message carrying the Service Configuration Record, and the time that the 26 
corresponding Call Control Instance is Instantiated. The base station shall initialize 27 
its SMV encoder mode of operation to a default value of 0. 28 

• Commencing at the time specified by the maximum of the action time associated with 29 
the message carrying the Service Configuration Record, and the time that the 30 
corresponding Call Control Instance is Instantiated, and continuing for as long as the 31 
service configuration includes the service option connection, Service Option 56 shall 32 
process received packets, and shall generate and supply packets for transmission in 33 
accordance with this standard.  The base station may defer enabling the audio input 34 
and output. 35 

 36 

2.2.1.2 Service Option Control Messages 37 

2.2.1.2.1 Mobile Station Requirements 38 

The mobile station shall support one pending Service Option Control Message for Service 39 
Option 56. 40 
If the mobile station receives a Service Option Control Message for Service Option 56, then, 41 
at the action time associated with the message, the mobile station shall process the 42 
message as follows: 43 
1.  If the MOBILE_TO_MOBILE field is equal to ‘1’, the mobile station should disable the 44 

audio output of the speech codec for 1 second after initialization. 45 
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 If the MOBILE_TO_MOBILE field is equal to ‘0’, the mobile station shall process each 1 
received packet as described in Section 6. 2 

2. If the INIT_CODEC field is equal to ‘1’, the mobile station shall perform speech codec 3 
initialization.  The mobile station shall complete the initialization within 40 ms. 4 

3. SMV accepts as input, a mode of operation through the RATE_REDUC field as defined 5 
in Table 2.2-2.  Using this mode of operation, SMV generates Rate 1, Rate 1/2, and 6 
Rate 1/4 packets in a proportion that results in the average data rate given by Table 7 
2.2-2. 8 

Service Option 56 shall continue to use these fractions until either of the following events 9 
occur: 10 

• The mobile station receives a Service Option Control Message specifying a 11 
different RATE_REDUC, or  12 

• Service Option 56 is initialized. 13 
 Service Option 56 was developed using reduced rate operation (encoding mode of 14 

operation) as a network control criteria.  Unlike the rate reduction mechanism in EVRC, 15 
Service Option 56 does not use a deterministic pattern of Rate 1 and Rate 1/2 to reduce 16 
the average encoding rate.  Instead, the SMV codec selects the encoding rate based 17 
upon the characteristics of the input speech: Voiced, unvoiced, transient, stationary, as 18 
well as the encoding mode selected. 19 

 20 
Table 2.2-2.  SMV Encoding Rate Mode Control Parameters  21 

RATE_REDUC 

 (binary) 

SMV Encoding Mode 
of Operation 

Estimated Average 
Encoding Rate for 

Active Speech 
(Source Encoding 

Rates) 

‘000’ 0 7.95 kbps 

‘001’ 1 5.82 kbps 

‘010’ 2 4.50 kbps 

‘011’ 3 3.95 kbps 

‘100’ 4 (1/2 rate Maximum 
applied to Mode 0)  

4.0 kbps 

‘101’ 5 (1/2 rate Maximum 
applied to Mode 1)  

3.67  kbps 

All other RATE_REDUC values are reserved. 

 If the RATE_REDUC field is not equal to a value defined in Table 2.2-2Table 2.2-2, the 22 
mobile station shall reject the message by sending a Mobile Station Reject Order with the 23 
ORDQ field set equal to ‘00000100’. 24 

2.2.1.2.2 Base Station Requirements 25 

The base station may send a Service Option Control Message to the mobile station.  If the 26 
base station sends a Service Option Control Message, the base station shall include the 27 
following type-specific fields for Service Option 56: 28 

29 
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 Table 2.2-3.  Service Option Control Message Type-Specific Fields 1 

Field Length (bits) 

RATE_REDUC 3 

RESERVED 3 

MOBILE_TO_MOBILE 1 

INIT_CODEC 1 
 2 
 RATE_REDUC - SMV mode of operation.   3 
   The base station shall set this field to the RATE_REDUC value 4 

from Table 2.2-4Table 2.2-4 corresponding to the mode of 5 
operation that the mobile station is to operate in. 6 

 RESERVED - Reserved bits. 7 
   The base station shall set this field to ‘000’. 8 
 MOBILE_TO_MOBILE - Mobile-to-mobile processing. 9 
   If the mobile station is to perform mobile-to-mobile processing 10 

(Section 2.2.1.2.1), the base station shall set this field to ‘1’.  11 
In addition, if the mobile station is to disable the audio output 12 
of the speech codec for 1 second after initialization, the base 13 
station shall set the INIT_CODEC field and the MOBILE_TO_-14 
MOBILE field to ‘1’.  If the mobile station is not to perform 15 
mobile-to-mobile processing, the base station shall set the 16 
MOBILE_TO_MOBILE field to ‘0’. 17 

 INIT_CODEC - Initialize speech codec.   18 
   If the mobile station is to initialize the speech codec, the base 19 

station shall set this field to ‘1’; otherwise, the base station 20 
shall set this field to ‘0’. 21 

 22 
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Table 2.2-4.  SMV Encoding Rate Mode Control Parameters  1 

RATE_REDUC 

 (binary) 

SMV Encoding Mode 
of Operation 

Estimated Average 
Encoding Rate for 

Active Speech 
(Source encoding 

rates) 

‘000’ 0 7.95 kbps 

‘001’ 1 5.82 kbps 

‘010’ 2 4.50 kbps 

‘011’ 3 3.95 kbps 

‘100’ 4 (1/2 rate Maximum 
applied to Mode 0)  

4.0 kbps 

‘101’ 5 (1/2 rate Maximum 
applied to Mode 1)  

3.67  kbps 

All other RATE_REDUC values are reserved. 
 2 
 3 
 4 
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3 AUDIO INTERFACES 1 

3.1 Input Audio Interface 2 

3.1.1 Input Audio Interface in the Mobile Station 3 
The input audio may be either an analog or digital signal. 4 

3.1.1.1 Conversion and Scaling 5 
Whether the input is analog or digital, the signal presented to the input of the speech codec 6 
shall be sampled at a rate of 8000 samples per second and shall be quantized to a uniform 7 
PCM format with at least 13 bits of dynamic range. 8 
The quantities in this standard assume a 16-bit integer input normalization with a range 9 
from -32,768 through +32,767.  The following speech codec discussion assumes this 16-bit 10 
integer normalization.  If an input audio interface uses a different normalization scheme, 11 
then appropriate scaling should be used. 12 

3.1.1.2 Digital Audio Input 13 
If the input audio is an 8-bit µ-Law PCM signal, it shall be converted to a uniform PCM 14 
format according to Table 2 in ITU-T Recommendation G.711 “Pulse Code Modulation 15 
(PCM) of Voice Frequencies. 16 

3.1.1.3 Analog Audio Input 17 
If the input is in analog form, the mobile station shall sample the analog speech and shall 18 
convert the samples to a digital format for speech codec processing.  This shall be 19 
accomplished by either the following or an equivalent method.  First, the input gain audio 20 
level is adjusted.  Then, the signal is bandpass filtered to prevent aliasing.  Finally, the 21 
filtered signal is sampled and quantized (Section 3.1.1.1). 22 

3.1.1.3.1 Transmit Level Adjustment 23 

The mobile station shall have a transmit objective loudness rating (TOLR) equal to -46 dB, 24 
when transmitting to a reference base station.  The loudness ratings are described in IEEE 25 
Standard 661-1979 “IEEE Standard Method for Determining Objective Loudness Ratings of 26 
Telephone Connections.”   27 
When a 97dBspl ± 8dB C-message weighted white noise acoustic signal from an artificial 28 
mouth is applied to the microphone of the subscriber unit, as specified by "IEEE Standard 29 
Method for Measuring Transmission Performance of Telephone Sets," IEEE standard 269- 30 
1983, the input samples shall be approximately three bits less than the maximum PCM 31 
value.  With PCM samples generated from µ-Law /uniform code, resulting in samples with a 32 
maximum of 14 bits, only 11 bits of precision should be generated. 33 

3.1.1.3.2 Band Pass Filtering 34 

The analog-to-digital conversion shall conform to the mask shown in ITU-T G.712 (11/96) 35 
Figure 4/G.712, “Attenuation/frequency distortion for 4-wire analogue-to-digital channels. 36 
(E4in to Tout)”.    Additional anti-aliasing filtering may be provided by the manufacturer. 37 

3.1.1.3.3 Echo Return Loss 38 
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Provision shall be made to ensure adequate isolation between receive and transmit audio 1 
paths in all modes of operation, such that when no external transmit audio is present, the 2 
speech codec does not generate packets at rates higher than Rate 1/8 due to acoustic 3 
coupling of the receive audio into the transmit audio path (specifically with the receive 4 
audio at full volume).  Target levels of 45 dB WAEPL should be met.  See ANSI/EIA/TIA 5 
Standard 579 “Acoustic-to-Digital and Digital-to-Acoustic Transmission Requirements for 6 
ISDN Terminals.” 7 

3.1.2 Input Audio Interface in the Base Station 8 

3.1.2.1 Sampling and Format Conversion 9 
The base station converts the input speech (analog, µ-Law companded Pulse Code 10 
Modulation, or other format) into a uniform quantized PCM format with at least 13 bits of 11 
dynamic range.  The sampling rate is 8000 samples per second.  The sampling and 12 
conversion process shall be as in Section 3.1.1.1. 13 

3.1.2.2 Transmit Level Adjust 14 
The base station shall set the transmit level so that a 1004 Hz tone at a level of 0 dBm0 at 15 
the network interface produces a level 3.17 dB below maximum amplitude at the output of 16 
the quantizer.  Measurement techniques and tolerances are described in “Recommended 17 
Minimum Performance Standard for the Selectable Mode Vocoder, Service Option 56”. 18 

3.1.2.3 Line Echo Canceling 19 
The base station shall provide a method to cancel echoes returned by the PSTN interface.† 20 
The echo canceling function shall meet ITU-T G.168 requirement.  The echo canceling 21 
function should work over a range of PSTN echo return delays, from 0 to 48 ms; however, 22 
the latter requirement is subject to local PSTN configuration demands, e,g., a 64 ms (or 23 
greater) echo canceling capability may be required in cases where the PSTN does not 24 
provide echo cancellation for long distance service. 25 

3.2 Output Audio Interface  26 

3.2.1 Output Audio Interface in the Mobile Station 27 
The PCM samples shall be converted to µ-Law samples according to ITU-T Recommendation 28 
G.711.  This µ-Law signal shall be converted to analog as specified by ITU-T Red Book 29 
G.711. 30 

3.2.2 Band Pass Filtering 31 
The digital-to-analog conversion shall conform to the mask shown in ITU-T G.712 (11/96) 32 
Figure 4/G.712, “Attenuation/frequency distortion for 4-wire analogue-to-digital channels. 33 
(E4in to Tout)”.  Additional reconstruction filtering may be provided by the manufacturer. 34 

3.2.2.1 Receive Level Adjustment 35 
The mobile station shall have a nominal receive objective loudness rating (ROLR) equal to 36 
51 dB when receiving from a reference base station.  The loudness ratings are described in 37 

                                                 
† Because of the relatively long delays inherent in the speech coding and transmitting processes, 
echoes that are not sufficiently suppressed are noticeable to the mobile station user. 
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IEEE Standard 661-1979 “IEEE Standard Method for Determining Objective Loudness 1 
Ratings of Telephone Connections.” 2 
When a 97dBspl ± 8dB C-message weighted white noise acoustic signal from an artificial 3 
mouth is applied to the microphone of the subscriber unit as specified by "IEEE Standard 4 
Method for Measuring Transmission Performance of Telephone Sets," IEEE standard 269- 5 
1983, the input samples shall be of approximately three bits less than the maximum PCM 6 
value.  With PCM samples generated from µ-Law /uniform code resulting in samples with a 7 
maximum of 14 bits, only 11 bits of precision should be generated. 8 

3.2.3 Output Audio Interface in the Base Station 9 
Details of the digital and analog interfaces to the network are outside the scope of this 10 
document. 11 

3.2.3.1 Receive Level Adjustment 12 
The base station shall set the audio level so that a received 1004 Hz tone 3.17 dB below 13 
maximum amplitude produces a level of 0 dBm0 at the network interface.  Measurement 14 
techniques and tolerances are described in “Recommended Minimum Performance Standard 15 
for the Selectable Mode Vocoder, Service Option 56”. 16 

17 
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 1 
No Text 2 
 3 
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1 

4 THE SELECTABLE MODE VOCODER (SMV) SPEECH CODING – 1 
INTRODUCTION AND TABLES 2 

4.1 Introduction to the SMV Speech Coding Algorithm 3 
The SMV speech-coding algorithm is based on four codecs (encoder/decoder) operating at 4 
the rates of 8.55 kbps, 4.0 kbps, 2.0 kbps and 0.8 kbps. These codecs are called Rate 1 5 
(full-rate), Rate 1/2 (half-rate), Rate 1/4 (quarter-rate) and Rate 1/8 (eighth-rate), 6 
respectively.  7 
The SMV algorithm has 4 network-controlled operating modes: Mode 0 (premium mode), 8 
Mode 1 (standard mode), Mode 2 (economy mode), and Mode 3 (capacity-saving mode). The 9 
different modes allow a tradeoff between average data rate (ADR) and speech quality. In 10 
addition, Mode 0 and Mode 1 can be configured to operate in a half-rate max (HRM) mode, 11 
where the maximum rate allowed is the Rate 1/2.  12 
 13 
 14 

 Mode 0 Mode 1 Mode 2 Mode 3 
Rate 1 68.90% 38.14% 15.43% 7.49% 
Rate 1/2 6.03% 15.82% 38.34% 46.28% 
Rate 1/4 0.00% 17.37% 16.38% 16.38% 
Rate 1/8 25.07% 28.67% 29.85% 29.85% 
ADR 7205 bps 5182 bps 4073 bps 3692 bps 

 15 

Figure 4.1-1: Rate Percentages and Average Data Rates for Clean Speech at Nominal 16 
Level (-22 dBov) 17 

 18 
 19 

 Mode 0 Mode 1 Mode 2 Mode 3 
Rate 1 55.13% 29.13% 16.60% 6.86% 
Rate 1/2 10.65% 19.49% 32.39% 42.13% 
Rate 1/4 0.00% 13.17% 14.93% 14.93% 
Rate 1/8 34.21% 38.20% 36.08% 36.08% 
ADR 6214 bps 4507 bps 3940 bps 3472 bps 

 20 

Figure 4.1-2: Rate Percentages and Average Data Rates for Speech in the Presence of 21 
–15 dB Street Noise  22 

Figure 4.1-1 gives the percentages of the selected rates and the ADR for a clean speech 23 
database at nominal level (-22 dBov) that was used for speech quality tests during the SMV 24 
selection. The voice activity for this database is about 70%; hence, that database does not 25 
represent a typical conversational speech traffic. 26 
Figure 4.1-2 gives the percentages of the selected rates and the ADR for speech that was 27 
generated from the same database, with the addition of street noise at the level of –15 28 
signal-to-noise level. 29 
 30 
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A 20 ms frame of signal sampled at the rate of 8000 Hz (160 samples) is processed by one 1 
of the four codecs, according to a rate-determination algorithm (RDA). The rate selection is 2 
based upon the frame characteristics (voiced speech, unvoiced speech, background noise, 3 
stationarity, etc.), and is controlled by the SMV mode. For each frame, the best rate for the 4 
frame is selected under the ADR constraint dictated by the SMV operating mode. 5 
The four codecs are based upon the excitation-filter approach, where a Linear-Prediction 6 
(LPC) filter is excited by an excitation source. The LPC filter parameters and the excitation 7 
parameters are transmitted from the encoder to the decoder.  8 
The Rate 1 codec and the Rate 1/2 codec are based on the code-excited linear prediction 9 
(CELP) approach, where the excitation of the LPC filter is represented by entries in a fixed 10 
codebook and in an adaptive codebook, multiplied by a fixed-codebook gain and an 11 
adaptive-codebook gain, respectively. The SMV system also selects a frame type for each 12 
Rate 1 or Rate 1/2 frame. The type can be 0 or 1. Type-1 frames are frames of stationary 13 
voiced speech, while frames of type 0 are all other types of speech. The bit allocation for the 14 
excitation parameters and the LPC filter parameters differs between type-1 frames and 15 
type-0 frames. For Rate 1 and Rate 1/2, the number of subframes in each frame depends 16 
on the rate and on the frame type. Rate 1 frames are divided into 4 subframes of 40 17 
samples, or 5 ms each. Rate 1/2 type-0 frames are divided into 2 subframes of 80 samples 18 
or 10 ms each. Rate 1/2 type-1 frames are divided into 3 subframes of 53, 53, and 54 19 
samples, or 6.625, 6.625, and 6.750 ms, respectively. 20 
The excitation of the LPC filter for Rate 1/4 is generated by a random number generator. 21 
The frame is divided 10 subframes of 2 ms, and each subframe is multiplied by a gain 22 
factor. The LPC excitation is then filtered by a selected frequency-shaping filter.  23 
The excitation of the LPC filter for Rate 1/8 is generated by a random number generator, 24 
and multiplied by a single gain for the 20 ms frame.  25 
  26 
 27 

28 
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4.2 Bit Allocation Tables 1 
The bit allocation for Rate 1 is given in Table 4.2-1, the bit allocation for Rate 1/2 is given 2 
in Table 4.2-2, the bit allocation for Rate 1/4 is given in Table 4.2-3, and the bit allocation 3 
for Rate 1/8 is given in Table 4.2-4.  4 
 5 
 6 

Parameter Bits per 20 ms frame 

 Type 0 (4 subframes) Type 1 (4 subframes) 

LSFs Interpolation 2 bit   

 Predictor switch 1 bit Predictor switch 1 bit 

 1st stage 7 bits 1st stage 7 bits 

 2nd stage 7 bits 2nd stage 7 bits 

 3rd stage 6 bits 3rd stage 6 bits 

 4th stage 4 bits 4th stage 4 bits 

  27 bits  25 bits 

Type 1 bit 

Adaptive codebook 8,5,8,5 
bits/subframe 

26 bits 8 bits/frame 8 bits 

Fixed codebook 5-pulse 
codebook 

21 
bits/subframe 

8-pulse 
codebook 

30 
bits/subframe 

 5-pulse 
codebook 

20 
bits/subframe 

  

 5-pulse 
codebook 

20 
bits/subframe 

  

  22 
bits/subframe 

  

 22 
bits/subframe 

88 bits 30 
bits/subframe 

120 bits 

Adaptive-codebook 
gain 

2D 
VQ/subframe 

7 
bits/subframe 

4D preVQ/frame 6 bits 

Fixed-codebook 
gain 

 28 bits 4D delayed 
VQ/frame 

10 bits 

Rate sanity flag 1 bit 1 bit 

TOTAL 171 bits 171 bits 

 7 
Table 4.2-1: Bit Allocation Table for the SMV Rate 1 Codec 8 

9 
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 1 
 2 

Parameter Bits per 20 ms frame 

 Type 0 (2 subframes) Type 1 (3 subframes) 

LSFs  Predictor 
switch 

1 bit  

  1st stage 7 bits  

  2nd stage 7 bits  

  3rd stage 6 bits  

   21 bits  

Type 1 bit 

Adaptive codebook 7 
bits/subframe 

14 bits 7 bits/frame 7 bits 

Fixed codebook 2-pulse 
codebook 

14 
bits/subframe 

2-pulse codebook 12 
bits/subframe 

 3-pulse 
codebook 

13 
bits/subframe 

3-pulse codebook 11 
bits/subframe 

 Gaussian 
codebook 

13 
bits/subframe 

5-pulse codebook 11 
bits/subframe 

  15 
bits/subframe 

 13 
bits/subframe 

 15 
bits/subframe 

30 bits 13 bits/subframe 39 bits 

Adaptive-codebook 
gain 

2D 
VQ/subframe 

7 
bits/subframe 

3D preVQ/frame 4 bits 

Fixed codebook gain  14 bits 3D delayed 
VQ/frame 

8 bits 

TOTAL 80 bits 80 bits 

 3 
Table 4.2-2: Bit Allocation Table for the SMV Rate 1/2 Codec  4 

 5 
Note: since the entries of 2-pulse codebook for Rate 1/2 type-0 frames occupy only 12800 6 
entries in the 214=16384 possible entry locations, 3472 additional entries of the Gaussian 7 
codebook occupy the higher entry locations of the 2-pulse codebook.  8 
 9 

10 
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 1 
Parameter Bits per 20 ms frame 

LSFs 1st stage 7 bits 

 2nd stage 7 bits 

 3rd stage 6 bits 

  20 bits 

Gains  17 bits 

Shape  2 bits 

Rate sanity flag  1 bit 

TOTAL 40 bits 

 2 

 3 
Table 4.2-3: Bit Allocation Table for the SMV Rate 1/4 codec 4 

 5 

 6 

Parameter Bits per 20 ms frame 

LSFs 1st stage 4 bits 

 2nd stage 4 bits 

 3rd stage 3 bits 

  11 bits 

Energy 5 
bits/subframe 

5 bits 

TOTAL 16 bits 

 7 

Table 4.2-4: Bit Allocation Table for the SMV Rate 1/8 Codec 8 

 9 

 10 

 11 

 12 
 13 

14 
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4.3 SMV Bit Streams 1 
After encoding, the encoded speech packets shall be formatted as described in Table 4.3-1 2 
through Table 4.3-7. For each parameter, bit index 0 corresponds to the most significant 3 
bit.  The packet buffer bit index 1 indicates the bit position corresponding to the beginning 4 
of the packet buffer. 5 
 6 

Bit 
Index 

Rate 1 

Frame Type 0 

Packet Bits 

Rate 1 

Frame Type 1 

Packet Bits 

1 SVS_DECI=0 SVS_DECI=1 

2 LSF_STAGE1[0] LSF_STAGE1[0] 

3 LSF_STAGE1[1] LSF_STAGE1[1] 

4 LSF_STAGE1[2] LSF_STAGE1[2] 

5 LSF_STAGE1[3] LSF_STAGE1[3] 

6 LSF_STAGE1[4] LSF_STAGE1[4] 

7 LSF_STAGE1[5] LSF_STAGE1[5] 

8 LSF_STAGE1[6] LSF_STAGE1[6] 

9 LSF_STAGE2[0] LSF_STAGE2[0] 

10 LSF_STAGE2[1] LSF_STAGE2[1] 

11 LSF_STAGE2[2] LSF_STAGE2[2] 

12 LSF_STAGE2[3] LSF_STAGE2[3] 

13 LSF_STAGE2[4] LSF_STAGE2[4] 

14 LSF_STAGE2[5] LSF_STAGE2[5] 

15 LSF_STAGE2[6] LSF_STAGE2[6] 

16 LSF_STAGE3[0] LSF_STAGE3[0] 

17 LSF_STAGE3[1] LSF_STAGE3[1] 

18 LSF_STAGE3[2] LSF_STAGE3[2] 

19 LSF_STAGE3[3] LSF_STAGE3[3] 

20 LSF_STAGE3[4] LSF_STAGE3[4] 

21 LSF_STAGE3[5] LSF_STAGE3[5] 

22 LSF_STAGE4[0] LSF_STAGE4[0] 

23 LSF_STAGE4[1] LSF_STAGE4[1] 

24 LSF_STAGE4[2] LSF_STAGE4[2] 

25 LSF_STAGE4[3] LSF_STAGE4[3] 

26 LSF_SWTCHPRD LSF_SWTCHPRD 

27 LSF_INTRPATH[0] PITCH_FRM[0] 

28 LSF_INTRPATH[1] PITCH_FRM[1] 

29 PITC_SBFRM1[0] PITCH_FRM[2] 
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30 PITC_SBFRM1[1] PITCH_FRM[3] 

31 PITC_SBFRM1[2] PITCH_FRM[4] 

32 PITC_SBFRM1[3] PITCH_FRM[5] 

33 PITC_SBFRM1[4] PITCH_FRM[6] 

34 PITC_SBFRM1[5] PITCH_FRM[7] 

35 PITC_SBFRM1[6] PITCH_VQ_GAIN[0] 

36 PITC_SBFRM1[7] PITCH_VQ_GAIN[1] 

37 PITC_SBFRM2[0] PITCH_VQ_GAIN[2] 

38 PITC_SBFRM2[1] PITCH_VQ_GAIN[3] 

39 PITC_SBFRM2[2] PITCH_VQ_GAIN[4] 

40 PITC_SBFRM2[3] PITCH_VQ_GAIN[5] 

41 PITC_SBFRM2[4] PLCB_VQ_GAIN[0] 

42 PITC_SBFRM3[0] PLCB_VQ_GAIN[1] 

43 PITC_SBFRM3[1] PLCB_VQ_GAIN[2] 

44 PITC_SBFRM3[2] PLCB_VQ_GAIN[3] 

45 PITC_SBFRM3[3] PLCB_VQ_GAIN[4] 

46 PITC_SBFRM3[4] PLCB_VQ_GAIN[5] 

47 PITC_SBFRM3[5] PLCB_VQ_GAIN[6] 

48 PITC_SBFRM3[6] PLCB_VQ_GAIN[7] 

49 PITC_SBFRM3[7] PLCB_VQ_GAIN[8] 

50 PITC_SBFRM4[0] PLCB_VQ_GAIN[9] 

51 PITC_SBFRM4[1] PLCB_PSIGN1_5_SBF1 

52 PITC_SBFRM4[2] PLCB_PSIGN2_6_SBF1 

53 PITC_SBFRM4[3] PLCB_PSIGN3_7_SBF1 

54 PITC_SBFRM4[4] PLCB_PSIGN4_8_SBF1 

55 GAIN_SBFRM1[0] PLCB_PLOC1_SBF1[0] 

56 GAIN_SBFRM1[1] PLCB_PLOC1_SBF1[1] 

57 GAIN_SBFRM1[2] PLCB_PLOC1_SBF1[2] 

58 GAIN_SBFRM1[3] PLCB_PLOC1_SBF1[3] 

59 GAIN_SBFRM1[4] PLCB_PLOC2_SBF1[0] 

60 GAIN_SBFRM1[5] PLCB_PLOC2_SBF1[1] 

61 GAIN_SBFRM1[6] PLCB_PLOC2_SBF1[2] 

62 GAIN_SBFRM2[0] PLCB_PLOC3_SBF1[0] 

63 GAIN_SBFRM2[1] PLCB_PLOC3_SBF1[1] 

64 GAIN_SBFRM2[2] PLCB_PLOC3_SBF1[2] 

65 GAIN_SBFRM2[3] PLCB_PLOC4_SBF1[0] 

66 GAIN_SBFRM2[4] PLCB_PLOC4_SBF1[1] 
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67 GAIN_SBFRM2[5] PLCB_PLOC4_SBF1[2] 

68 GAIN_SBFRM2[6] PLCB_PLOC5_SBF1[0] 

69 GAIN_SBFRM3[0] PLCB_PLOC5_SBF1[1] 

70 GAIN_SBFRM3[1] PLCB_PLOC5_SBF1[2] 

71 GAIN_SBFRM3[2] PLCB_PLOC5_SBF1[3] 

72 GAIN_SBFRM3[3] PLCB_PLOC6_SBF1[0] 

73 GAIN_SBFRM3[4] PLCB_PLOC6_SBF1[1] 

74 GAIN_SBFRM3[5] PLCB_PLOC6_SBF1[2] 

75 GAIN_SBFRM3[6] PLCB_PLOC7_SBF1[0] 

76 GAIN_SBFRM4[0] PLCB_PLOC7_SBF1[1] 

77 GAIN_SBFRM4[1] PLCB_PLOC7_SBF1[2] 

78 GAIN_SBFRM4[2] PLCB_PLOC8_SBF1[0] 

79 GAIN_SBFRM4[3] PLCB_PLOC8_SBF1[1] 

80 GAIN_SBFRM4[4] PLCB_PLOC8_SBF1[2] 

81 GAIN_SBFRM4[5] PLCB_PSIGN1_5_SBF2 

82 GAIN_SBFRM4[6] PLCB_PSIGN2_6_SBF2 

83 PLCB_SLCT1_SBF1=1 PLCB_SLCT1_SBF1=0 PLCB_PSIGN3_7_SBF2 

84 PLCB_PSIGN1_3_SBF1 PLCB_SLCT2_SBF1 PLCB_PSIGN4_8_SBF2 

85 PLCB_PSIGN2_4_SBF1 PLCB_PSIGN1_SBF1 PLCB_PLOC1_SBF2[0] 

86 PLCB_PSIGN5_SBF1 PLCB_PSIGN2_SBF1 PLCB_PLOC1_SBF2[1] 

87 PLCB_PLOC1_SBF1[0] PLCB_PSIGN3_SBF1 PLCB_PLOC1_SBF2[2] 

88 PLCB_PLOC1_SBF1[1] PLCB_PSIGN4_SBF1 PLCB_PLOC1_SBF2[3] 

89 PLCB_PLOC1_SBF1[2] PLCB_PSIGN5_SBF1 PLCB_PLOC2_SBF2[0] 

90 PLCB_PLOC1_SBF1[3] PLCB_PLOC1_SBF1[0] PLCB_PLOC2_SBF2[1] 

91 PLCB_PLOC2_SBF1[0] PLCB_PLOC1_SBF1[1] PLCB_PLOC2_SBF2[2] 

92 PLCB_PLOC2_SBF1[1] PLCB_PLOC1_SBF1[2] PLCB_PLOC3_SBF2[0] 

93 PLCB_PLOC2_SBF1[2] PLCB_PLOC2_SBF1[0] PLCB_PLOC3_SBF2[1] 

94 PLCB_PLOC3_SBF1[0] PLCB_PLOC2_SBF1[1] PLCB_PLOC3_SBF2[2] 

95 PLCB_PLOC3_SBF1[1] PLCB_PLOC2_SBF1[2] PLCB_PLOC4_SBF2[0] 

96 PLCB_PLOC3_SBF1[2] PLCB_PLOC3_SBF1[0] PLCB_PLOC4_SBF2[1] 

97 PLCB_PLOC3_SBF1[3] PLCB_PLOC3_SBF1[1] PLCB_PLOC4_SBF2[2] 

98 PLCB_PLOC4_SBF1[0] PLCB_PLOC3_SBF1[2] PLCB_PLOC5_SBF2[0] 

99 PLCB_PLOC4_SBF1[1] PLCB_PLOC4_SBF1[0] PLCB_PLOC5_SBF2[1] 

100 PLCB_PLOC4_SBF1[2] PLCB_PLOC4_SBF1[1] PLCB_PLOC5_SBF2[2] 

101 PLCB_PLOC5_SBF1[0] PLCB_PLOC4_SBF1[2] PLCB_PLOC5_SBF2[3] 

102 PLCB_PLOC5_SBF1[1] PLCB_PLOC5_SBF1[0] PLCB_PLOC6_SBF2[0] 

103 PLCB_PLOC5_SBF1[2] PLCB_PLOC5_SBF1[1] PLCB_PLOC6_SBF2[1] 
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104 PLCB_PLOC5_SBF1[3] PLCB_PLOC5_SBF1[2] PLCB_PLOC6_SBF2[2] 

105 PLCB_SLCT1_SBF2=1 PLCB_SLCT1_SBF2=0 PLCB_PLOC7_SBF2[0] 

106 PLCB_PSIGN13_SBF2 PLCB_SLCT2_SBF2 PLCB_PLOC7_SBF2[1] 

107 PLCB_PSIGN24_SBF2 PLCB_PSIGN1_SBF2 PLCB_PLOC7_SBF2[2] 

108 PLCB_PSIGN5_SBF2 PLCB_PSIGN2_SBF2 PLCB_PLOC8_SBF2[0] 

109 PLCB_PLOC1_SBF2[0] PLCB_PSIGN3_SBF2 PLCB_PLOC8_SBF2[1] 

110 PLCB_PLOC1_SBF2[1] PLCB_PSIGN4_SBF2 PLCB_PLOC8_SBF2[2] 

111 PLCB_PLOC1_SBF2[2] PLCB_PSIGN5_SBF2 PLCB_PSIGN1_5_SBF3 

112 PLCB_PLOC1_SBF2[3] PLCB_PLOC1_SBF2[0] PLCB_PSIGN2_6_SBF3 

113 PLCB_PLOC2_SBF2[0] PLCB_PLOC1_SBF2[1] PLCB_PSIGN3_7_SBF3 

114 PLCB_PLOC2_SBF2[1] PLCB_PLOC1_SBF2[2] PLCB_PSIGN4_8_SBF3 

115 PLCB_PLOC2_SBF2[2] PLCB_PLOC2_SBF2[0] PLCB_PLOC1_SBF3[0] 

116 PLCB_PLOC3_SBF2[0] PLCB_PLOC2_SBF2[1] PLCB_PLOC1_SBF3[1] 

117 PLCB_PLOC3_SBF2[1] PLCB_PLOC2_SBF2[2] PLCB_PLOC1_SBF3[2] 

118 PLCB_PLOC3_SBF2[2] PLCB_PLOC3_SBF2[0] PLCB_PLOC1_SBF3[3] 

119 PLCB_PLOC3_SBF2[3] PLCB_PLOC3_SBF2[1] PLCB_PLOC2_SBF3[0] 

120 PLCB_PLOC4_SBF2[0] PLCB_PLOC3_SBF2[2] PLCB_PLOC2_SBF3[1] 

121 PLCB_PLOC4_SBF2[1] PLCB_PLOC4_SBF2[0] PLCB_PLOC2_SBF3[2] 

122 PLCB_PLOC4_SBF2[2] PLCB_PLOC4_SBF2[1] PLCB_PLOC3_SBF3[0] 

123 PLCB_PLOC5_SBF2[0] PLCB_PLOC4_SBF2[2] PLCB_PLOC3_SBF3[1] 

124 PLCB_PLOC5_SBF2[1] PLCB_PLOC5_SBF2[0] PLCB_PLOC3_SBF3[2] 

125 PLCB_PLOC5_SBF2[2] PLCB_PLOC5_SBF2[1] PLCB_PLOC4_SBF3[0] 

126 PLCB_PLOC5_SBF2[3] PLCB_PLOC5_SBF2[2] PLCB_PLOC4_SBF3[1] 

127 PLCB_SLCT1_SBF3=1 PLCB_SLCT1_SBF3=0 PLCB_PLOC4_SBF3[2] 

128 PLCB_PSIGN13_SBF3 PLCB_SLCT2_SBF3 PLCB_PLOC5_SBF3[0] 

129 PLCB_PSIGN24_SBF3 PLCB_PSIGN1_SBF3 PLCB_PLOC5_SBF3[1] 

130 PLCB_PSIGN5_SBF3 PLCB_PSIGN2_SBF3 PLCB_PLOC5_SBF3[2] 

131 PLCB_PLOC1_SBF3[0] PLCB_PSIGN3_SBF3 PLCB_PLOC5_SBF3[3] 

132 PLCB_PLOC1_SBF3[1] PLCB_PSIGN4_SBF3 PLCB_PLOC6_SBF3[0] 

133 PLCB_PLOC1_SBF3[2] PLCB_PSIGN5_SBF3 PLCB_PLOC6_SBF3[1] 

134 PLCB_PLOC1_SBF3[3] PLCB_PLOC1_SBF3[0] PLCB_PLOC6_SBF3[2] 

135 PLCB_PLOC2_SBF3[0] PLCB_PLOC1_SBF3[1] PLCB_PLOC7_SBF3[0] 

136 PLCB_PLOC2_SBF3[1] PLCB_PLOC1_SBF3[2] PLCB_PLOC7_SBF3[1] 

137 PLCB_PLOC2_SBF3[2] PLCB_PLOC2_SBF3[0] PLCB_PLOC7_SBF3[2] 

138 PLCB_PLOC3_SBF3[0] PLCB_PLOC2_SBF3[1] PLCB_PLOC8_SBF3[0] 

139 PLCB_PLOC3_SBF3[1] PLCB_PLOC2_SBF3[2] PLCB_PLOC8_SBF3[1] 

140 PLCB_PLOC3_SBF3[2] PLCB_PLOC3_SBF3[0] PLCB_PLOC8_SBF3[2] 
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141 PLCB_PLOC3_SBF3[3] PLCB_PLOC3_SBF3[1] PLCB_PSIGN1_5_SBF4 

142 PLCB_PLOC4_SBF3[0] PLCB_PLOC3_SBF3[2] PLCB_PSIGN2_6_SBF4 

143 PLCB_PLOC4_SBF3[1] PLCB_PLOC4_SBF3[0] PLCB_PSIGN3_7_SBF4 

144 PLCB_PLOC4_SBF3[2] PLCB_PLOC4_SBF3[1] PLCB_PSIGN4_8_SBF4 

145 PLCB_PLOC5_SBF3[0] PLCB_PLOC4_SBF3[2] PLCB_PLOC1_SBF4[0] 

146 PLCB_PLOC5_SBF3[1] PLCB_PLOC5_SBF3[0] PLCB_PLOC1_SBF4[1] 

147 PLCB_PLOC5_SBF3[2] PLCB_PLOC5_SBF3[1] PLCB_PLOC1_SBF4[2] 

148 PLCB_PLOC5_SBF3[3] PLCB_PLOC5_SBF3[2] PLCB_PLOC1_SBF4[3] 

149 PLCB_SLCT1_SBF4=1 PLCB_SLCT1_SBF4=0 PLCB_PLOC2_SBF4[0] 

150 PLCB_PSIGN13_SBF4 PLCB_SLCT2_SBF4 PLCB_PLOC2_SBF4[1] 

151 PLCB_PSIGN24_SBF4 PLCB_PSIGN1_SBF4 PLCB_PLOC2_SBF4[2] 

152 PLCB_PSIGN5_SBF4 PLCB_PSIGN2_SBF4 PLCB_PLOC3_SBF4[0] 

153 PLCB_PLOC1_SBF4[0] PLCB_PSIGN3_SBF4 PLCB_PLOC3_SBF4[1] 

154 PLCB_PLOC1_SBF4[1] PLCB_PSIGN4_SBF4 PLCB_PLOC3_SBF4[2] 

155 PLCB_PLOC1_SBF4[2] PLCB_PSIGN5_SBF4 PLCB_PLOC4_SBF4[0] 

156 PLCB_PLOC1_SBF4[3] PLCB_PLOC1_SBF4[0] PLCB_PLOC4_SBF4[1] 

157 PLCB_PLOC2_SBF4[0] PLCB_PLOC1_SBF4[1] PLCB_PLOC4_SBF4[2] 

158 PLCB_PLOC2_SBF4[1] PLCB_PLOC1_SBF4[2] PLCB_PLOC5_SBF4[0] 

159 PLCB_PLOC2_SBF4[2] PLCB_PLOC2_SBF4[0] PLCB_PLOC5_SBF4[1] 

160 PLCB_PLOC3_SBF4[0] PLCB_PLOC2_SBF4[1] PLCB_PLOC5_SBF4[2] 

161 PLCB_PLOC3_SBF4[1] PLCB_PLOC2_SBF4[2] PLCB_PLOC5_SBF4[3] 

162 PLCB_PLOC3_SBF4[2] PLCB_PLOC3_SBF4[0] PLCB_PLOC6_SBF4[0] 

163 PLCB_PLOC3_SBF4[3] PLCB_PLOC3_SBF4[1] PLCB_PLOC6_SBF4[1] 

164 PLCB_PLOC4_SBF4[0] PLCB_PLOC3_SBF4[2] PLCB_PLOC6_SBF4[2] 

165 PLCB_PLOC4_SBF4[1] PLCB_PLOC4_SBF4[0] PLCB_PLOC7_SBF4[0] 

166 PLCB_PLOC4_SBF4[2] PLCB_PLOC4_SBF4[1] PLCB_PLOC7_SBF4[1] 

167 PLCB_PLOC5_SBF4[0] PLCB_PLOC4_SBF4[2] PLCB_PLOC7_SBF4[2] 

168 PLCB_PLOC5_SBF4[1] PLCB_PLOC5_SBF4[0] PLCB_PLOC8_SBF4[0] 

169 PLCB_PLOC5_SBF4[2] PLCB_PLOC5_SBF4[1] PLCB_PLOC8_SBF[1] 

170 PLCB_PLOC5_SBF4[3] PLCB_PLOC5_SBF4[2] PLCB_PLOC8_SBF4[2] 

171 Rate Sanity Flag = 0 

 1 

Table 4.3-1: Bit Stream for Rate 1  2 

 3 
 4 
 5 

6 
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 1 
Bit Index Rate 1/2 

Frame Type 0 

Packet Bits 

1 SVS_DECI=0 

2 LSF_STAGE1[0] 

3 LSF_STAGE1[1] 

4 LSF_STAGE1[2] 

5 LSF_STAGE1[3] 

6 LSF_STAGE1[4] 

7 LSF_STAGE1[5] 

8 LSF_STAGE1[6] 

9 LSF_STAGE2[0] 

10 LSF_STAGE2[1] 

11 LSF_STAGE2[2] 

12 LSF_STAGE2[3] 

13 LSF_STAGE2[4] 

14 LSF_STAGE2[5] 

15 LSF_STAGE2[6] 

16 LSF_STAGE3[0] 

17 LSF_STAGE3[1] 

18 LSF_STAGE3[2] 

19 LSF_STAGE3[3] 

20 LSF_STAGE3[4] 

21 LSF_STAGE3[5] 

22 LSF_SWTCHPRD 

23 PITC_SBFRM1[0] 

24 PITC_SBFRM1[1] 

25 PITC_SBFRM1[2] 

26 PITC_SBFRM1[3] 

27 PITC_SBFRM1[4] 

28 PITC_SBFRM1[5] 

29 PITC_SBFRM1[6] 

30 PITC_SBFRM2[0] 

31 PITC_SBFRM2[1] 

32 PITC_SBFRM2[2] 

33 PITC_SBFRM2[3] 
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34 PITC_SBFRM2[4] 

35 PITC_SBFRM2[5] 

36 PITC_SBFRM2[6] 

37 GAIN_SBFRM1[0] 

38 GAIN_SBFRM1[1] 

39 GAIN_SBFRM1[2] 

40 GAIN_SBFRM1[3] 

41 GAIN_SBFRM1[4] 

42 GAIN_SBFRM1[5] 

43 GAIN_SBFRM1[6] 

44 GAIN_SBFRM2[0] 

45 GAIN_SBFRM2[1] 

46 GAIN_SBFRM2[2] 

47 GAIN_SBFRM2[3] 

48 GAIN_SBFRM2[4] 

49 GAIN_SBFRM2[5] 

50 GAIN_SBFRM2[6] 

51 PLCB_SLCT1_SBF1=1 PLCB_SLCT1_SBF1=0 

52 PLCB_PSIGN1_2_SBF1 PLCB_SLCT2_SBF1=1 PLCB_SLCT2_SBF1=0 

53 PLCB_PLOC1_2_SBF1[0] PLCB_PSIGN1_SBF1 GCB_VSIGN1_SBF1 

54 PLCB_PLOC1_2_SBF1[1] PLCB_PSIGN2_SBF1 GCB_VSIGN2_SBF1 

55 PLCB_PLOC1_2_SBF1[2] PLCB_PSIGN3_SBF1 GCB_VEC1_2_SBF1[0] 

56 PLCB_PLOC1_2_SBF1[3] PLCB_PLOC1_SBF1[0] GCB_VEC1_2_SBF1[1] 

57 PLCB_PLOC1_2_SBF1[4] PLCB_PLOC1_SBF1[1] GCB_VEC1_2_SBF1[2] 

58 PLCB_PLOC1_2_SBF1[5] PLCB_PLOC1_SBF1[2] GCB_VEC1_2_SBF1[3] 

59 PLCB_PLOC1_2_SBF1[6] PLCB_PLOC1_SBF1[3] GCB_VEC1_2_SBF1[4] 

60 PLCB_PLOC1_2_SBF1[7] PLCB_PLOC2_SBF1[0] GCB_VEC1_2_SBF1[5] 

61 PLCB_PLOC1_2_SBF1[8] PLCB_PLOC2_SBF1[1] GCB_VEC1_2_SBF1[6] 

62 PLCB_PLOC1_2_SBF1[9] PLCB_PLOC2_SBF1[2] GCB_VEC1_2_SBF1[7] 

63 PLCB_PLOC1_2_SBF1[10] PLCB_PLOC3_SBF1[0] GCB_VEC1_2_SBF1[8] 

64 PLCB_PLOC1_2_SBF1[11] PLCB_PLOC3_SBF1[1] GCB_VEC1_2_SBF1[9] 

65 PLCB_PLOC1_2_SBF1[12] PLCB_PLOC3_SBF1[2] GCB_VEC1_2_SBF1[10] 

66 PLCB_SLCT1_SBF2=1 PLCB_SLCT1_SBF2=0 

67 PLCB_PSIGN1_2_SBF2 PLCB_SLCT2_SBF2=1 PLCB_SLCT2_SBF2=0 

68 PLCB_PLOC1_2_SBF2[0] PLCB_PSIGN1_SBF2 GCB_VSIGN1_SBF2 

69 PLCB_PLOC1_2_SBF2[1] PLCB_PSIGN2_SBF2 GCB_VSIGN2_SBF2 

70 PLCB_PLOC1_2_SBF2[2] PLCB_PSIGN3_SBF2 GCB_VEC1_2_SBF2[0] 
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71 PLCB_PLOC1_2_SBF2[3] PLCB_PLOC1_SBF2[0] GCB_VEC1_2_SBF2[1] 

72 PLCB_PLOC1_2_SBF2[4] PLCB_PLOC1_SBF2[1] GCB_VEC1_2_SBF2[2] 

73 PLCB_PLOC1_2_SBF2[5] PLCB_PLOC1_SBF2[2] GCB_VEC1_2_SBF2[3] 

74 PLCB_PLOC1_2_SBF2[6] PLCB_PLOC1_SBF2[3] GCB_VEC1_2_SBF2[4] 

75 PLCB_PLOC1_2_SBF2[7] PLCB_PLOC2_SBF2[0] GCB_VEC1_2_SBF2[5] 

76 PLCB_PLOC1_2_SBF2[8] PLCB_PLOC2_SBF2[1] GCB_VEC1_2_SBF2[6] 

77 PLCB_PLOC1_2_SBF2[9] PLCB_PLOC2_SBF2[2] GCB_VEC1_2_SBF2[7] 

78 PLCB_PLOC1_2_SBF2[10] PLCB_PLOC3_SBF2[0] GCB_VEC1_2_SBF2[8] 

79 PLCB_PLOC1_2_SBF2[11] PLCB_PLOC3_SBF2[1] GCB_VEC1_2_SBF2[9] 

80 PLCB_PLOC1_2_SBF2[12] PLCB_PLOC3_SBF2[2] GCB_VEC1_2_SBF2[10] 
 1 

Table 4.3-2: Bit Stream for Rate 1/2 Type-0 Frames 2 
 3 
 4 

Bit Index Rate 1/2 

Frame Type 1 

Packet Bits 

1 SVS_DECI=1 

2 LSF_STAGE1[0] 

3 LSF_STAGE1[1] 

4 LSF_STAGE1[2] 

5 LSF_STAGE1[3] 

6 LSF_STAGE1[4] 

7 LSF_STAGE1[5] 

8 LSF_STAGE1[6] 

9 LSF_STAGE2[0] 

10 LSF_STAGE2[1] 

11 LSF_STAGE2[2] 

12 LSF_STAGE2[3] 

13 LSF_STAGE2[4] 

14 LSF_STAGE2[5] 

15 LSF_STAGE2[6] 

16 LSF_STAGE3[0] 

17 LSF_STAGE3[1] 

18 LSF_STAGE3[2] 

19 LSF_STAGE3[3] 

20 LSF_STAGE3[4] 
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21 LSF_STAGE3[5] 

22 LSF_SWTCHPRD 

23 PITCH_FRM[0] 

24 PITCH_FRM[1] 

25 PITCH_FRM[2] 

26 PITCH_FRM[3] 

27 PITCH_FRM[4] 

28 PITCH_FRM[5] 

29 PITCH_FRM[6] 

30 PITCH_VQ_GAIN[0] 

31 PITCH_VQ_GAIN[1] 

32 PITCH_VQ_GAIN[2] 

33 PITCH_VQ_GAIN[3] 

34 PLCB_VQ_GAIN[0] 

35 PLCB_VQ_GAIN[1] 

36 PLCB_VQ_GAIN[2] 

37 PLCB_VQ_GAIN[3] 

38 PLCB_VQ_GAIN[4] 

39 PLCB_VQ_GAIN[5] 

40 PLCB_VQ_GAIN[6] 

41 PLCB_VQ_GAIN[7] 

42 PLCB_SLCT1_SBF1=1 PLCB_SLCT1_SBF1=0 

43 PLCB_PSIGN1_SBF1 PLCB_SLCT2_SBF1=1 PLCB_SLCT2_SBF1=0 

44 PLCB_PSIGN2_SBF1 PLCB_PSIGN1_SBF1 PLCB_PSIGN1_SBF1 

45 PLCB_PLOC1_SBF1[0] PLCB_PSIGN2_SBF1 PLCB_PSIGN2_SBF1 

46 PLCB_PLOC1_SBF1[1] PLCB_PSIGN3_SBF1 PLCB_PSIGN3_SBF1 

47 PLCB_PLOC1_SBF1[2] PLCB_PLOC1_SBF1[0] PLCB_PSIGN4_SBF1 

48 PLCB_PLOC1_SBF1[3] PLCB_PLOC1_SBF1[1] PLCB_PSIGN5_SBF1 

49 PLCB_PLOC1_SBF1[4] PLCB_PLOC1_SBF1[2] PLCB_PLOC1_SBF1[0] 

50 PLCB_PLOC2_SBF1[0] PLCB_PLOC1_SBF1[3] PLCB_PLOC1_SBF1[1] 

51 PLCB_PLOC2_SBF1[1] PLCB_PLOC2_SBF1[0] PLCB_PLOC2_SBF1[0] 

52 PLCB_PLOC2_SBF1[2] PLCB_PLOC2_SBF1[1] PLCB_PLOC3_SBF1[0] 

53 PLCB_PLOC2_SBF1[3] PLCB_PLOC3_SBF1[0] PLCB_PLOC4_SBF1[0] 

54 PLCB_PLOC2_SBF1[4] PLCB_PLOC3_SBF1[1] PLCB_PLOC5_SBF1[0] 

55 PLCB_SLCT1_SBF2=1 PLCB_SLCT1_SBF2=0 

56 PLCB_PSIGN1_SBF2 PLCB_SLCT2_SBF2=1 PLCB_SLCT2_SBF2=0 

57 PLCB_PSIGN2_SBF2 PLCB_PSIGN1_SBF2 PLCB_PSIGN1_SBF2 
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58 PLCB_PLOC1_SBF2[0] PLCB_PSIGN2_SBF2 PLCB_PSIGN2_SBF2 

59 PLCB_PLOC1_SBF2[1] PLCB_PSIGN3_SBF2 PLCB_PSIGN3_SBF2 

60 PLCB_PLOC1_SBF2[2] PLCB_PLOC1_SBF2[0] PLCB_PSIGN4_SBF2 

61 PLCB_PLOC1_SBF2[3] PLCB_PLOC1_SBF2[1] PLCB_PSIGN5_SBF2 

62 PLCB_PLOC1_SBF2[4] PLCB_PLOC1_SBF2[2] PLCB_PLOC1_SBF2[0] 

63 PLCB_PLOC2_SBF2[0] PLCB_PLOC1_SBF2[3] PLCB_PLOC1_SBF2[1] 

64 PLCB_PLOC2_SBF2[1] PLCB_PLOC2_SBF2[0] PLCB_PLOC2_SBF2[0] 

65 PLCB_PLOC2_SBF2[2] PLCB_PLOC2_SBF2[1] PLCB_PLOC3_SBF2[0] 

66 PLCB_PLOC2_SBF2[3] PLCB_PLOC3_SBF2[0] PLCB_PLOC4_SBF2[0] 

67 PLCB_PLOC2_SBF2[4] PLCB_PLOC3_SBF2[1] PLCB_PLOC5_SBF2[0] 

68 PLCB_SLCT1_SBF3=1 PLCB_SLCT1_SBF3=0 

69 PLCB_PSIGN1_SBF3 PLCB_SLCT2_SBF3=1 PLCB_SLCT2_SBF3=0 

70 PLCB_PSIGN2_SBF3 PLCB_PSIGN1_SBF3 PLCB_PSIGN1_SBF3 

71 PLCB_PLOC1_SBF3[0] PLCB_PSIGN2_SBF3 PLCB_PSIGN2_SBF3 

72 PLCB_PLOC1_SBF3[1] PLCB_PSIGN3_SBF3 PLCB_PSIGN3_SBF3 

73 PLCB_PLOC1_SBF3[2] PLCB_PLOC1_SBF3[0] PLCB_PSIGN4_SBF3 

74 PLCB_PLOC1_SBF3[3] PLCB_PLOC1_SBF3[1] PLCB_PSIGN5_SBF3 

75 PLCB_PLOC1_SBF3[4] PLCB_PLOC1_SBF3[2] PLCB_PLOC1_SBF3[0] 

76 PLCB_PLOC2_SBF3[0] PLCB_PLOC1_SBF3[3] PLCB_PLOC1_SBF3[1] 

77 PLCB_PLOC2_SBF3[1] PLCB_PLOC2_SBF3[0] PLCB_PLOC2_SBF3[0] 

78 PLCB_PLOC2_SBF3[2] PLCB_PLOC2_SBF3[1] PLCB_PLOC3_SBF3[0] 

79 PLCB_PLOC2_SBF3[3] PLCB_PLOC3_SBF3[0] PLCB_PLOC4_SBF3[0] 

80 PLCB_PLOC2_SBF3[4] PLCB_PLOC3_SBF3[1] PLCB_PLOC5_SBF3[0] 
 1 
 2 

Table 4.3-3: Bit Stream for Rate 1/2 Type-1 Frames 3 

 4 
5 
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 1 
Bit Index Rate 1/4 

Packet Bits 

1 LSF_STAGE1[0] 

2 LSF_STAGE1[1] 

3 LSF_STAGE1[2] 

4 LSF_STAGE1[3] 

5 LSF_STAGE1[4] 

6 LSF_STAGE1[5] 

7 LSF_STAGE1[6] 

8 LSF_STAGE2[0] 

9 LSF_STAGE2[1] 

10 LSF_STAGE2[2] 

11 LSF_STAGE2[3] 

12 LSF_STAGE2[4] 

13 LSF_STAGE2[5] 

14 LSF_STAGE2[6] 

15 LSF_STAGE3[0] 

16 LSF_STAGE3[1] 

17 LSF_STAGE3[2] 

18 LSF_STAGE3[3] 

19 LSF_STAGE3[4] 

20 LSF_STAGE3[5] 

21 GAIN_VQ[0] 

22 GAIN_VQ[1] 

23 GAIN_VQ[2] 

24 GAIN_VQ[3] 

25 GAIN_VQ[4] 

26 GAIN_VQ_1[0] 

27 GAIN_VQ_1[1] 

28 GAIN_VQ_1[2] 

29 GAIN_VQ_1[3] 

30 GAIN_VQ_1[4] 

31 GAIN_VQ_1[5] 

32 GAIN_VQ_2[0] 

33 GAIN_VQ_2[1] 

34 GAIN_VQ_2[2] 
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35 GAIN_VQ_2[3] 

36 GAIN_VQ_2[4] 

37 GAIN_VQ_2[5] 

38 SF_IDX[0] 

39 SF_IDX[1] 

40 Rate Sanity Flag = 0 
 1 

Table 4.3-4: Bit Stream for Rate 1/4  2 

 3 
4 
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 1 
Bit Index Rate 1/8 

Packet Bits 

1 LSF_STAGE1[0] 

2 LSF_STAGE1[1] 

3 LSF_STAGE1[2] 

4 LSF_STAGE1[3] 

5 LSF_STAGE2[0] 

6 LSF_STAGE2[1] 

7 LSF_STAGE2[2] 

8 LSF_STAGE2[3] 

9 LSF_STAGE3[0] 

10 LSF_STAGE3[1] 

11 LSF_STAGE3[2] 

12 GAIN_08K[0] 

13 GAIN_08K[1] 

14 GAIN_08K[2] 

15 GAIN_08K[3] 

16 GAIN_08K[4] 
 2 

 3 

Table 4.3-5: Bit Stream for Rate 1/8 4 
5 
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 1 
Bit 

Index 
Rate 1 

Data + 1/2 Rate Speech 

Packet Bits 

Rate 1 

Data + Auxiliary Data 

Packet Bits 

1 SVS_DECI = 0 SVS_DECI = 0 

2 HALF_RATE_SPEECH[0] AUX_DATA[0] 

3 HALF_RATE_SPEECH [1] AUX_DATA [1] 

4 HALF_RATE_SPEECH [2] AUX_DATA [2] 

5 HALF_RATE_SPEECH [3] AUX_DATA [3] 

6 HALF_RATE_SPEECH [4] AUX_DATA [4] 

7 HALF_RATE_SPEECH [5] AUX_DATA [5] 

8 HALF_RATE_SPEECH [6] AUX_DATA [6] 

9 HALF_RATE_SPEECH [7] AUX_DATA [7] 

10 HALF_RATE_SPEECH [8] AUX_DATA [8] 

11 HALF_RATE_SPEECH [9] AUX_DATA [9] 

12 HALF_RATE_SPEECH [10] AUX_DATA [10] 

13 HALF_RATE_SPEECH [11] AUX_DATA [11] 

14 HALF_RATE_SPEECH [12] AUX_DATA [12] 

15 HALF_RATE_SPEECH [13] AUX_DATA [13] 

16 HALF_RATE_SPEECH [14] AUX_DATA [14] 

17 HALF_RATE_SPEECH [15] AUX_DATA [15] 

18 HALF_RATE_SPEECH [16] AUX_DATA [16] 

19 HALF_RATE_SPEECH [17] AUX_DATA [17] 

20 HALF_RATE_SPEECH [18] AUX_DATA [18] 

21 HALF_RATE_SPEECH [19] AUX_DATA [19] 

22 HALF_RATE_SPEECH [20] AUX_DATA [20] 

23 HALF_RATE_SPEECH [21] AUX_DATA [21] 

24 HALF_RATE_SPEECH [22] AUX_DATA [22] 

25 HALF_RATE_SPEECH [23] AUX_DATA [23] 

26 HALF_RATE_SPEECH [24] AUX_DATA [24] 

27 HALF_RATE_SPEECH [25] AUX_DATA [25] 

28 HALF_RATE_SPEECH [26] AUX_DATA [26] 

29 HALF_RATE_SPEECH [27] AUX_DATA [27] 

30 HALF_RATE_SPEECH [28] AUX_DATA [28] 

31 HALF_RATE_SPEECH [29] AUX_DATA [29] 

32 HALF_RATE_SPEECH [30] AUX_DATA [30] 

33 HALF_RATE_SPEECH [31] AUX_DATA [31] 

34 HALF_RATE_SPEECH [32] AUX_DATA [32] 
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35 HALF_RATE_SPEECH [33] AUX_DATA [33] 

36 HALF_RATE_SPEECH [34] AUX_DATA [34] 

37 HALF_RATE_SPEECH [35] AUX_DATA [35] 

38 HALF_RATE_SPEECH [36] AUX_DATA [36] 

39 HALF_RATE_SPEECH [37] AUX_DATA [37] 

40 HALF_RATE_SPEECH [38] AUX_DATA [38] 

41 HALF_RATE_SPEECH [39] AUX_DATA [39] 

42 HALF_RATE_SPEECH [40] AUX_DATA [40] 

43 HALF_RATE_SPEECH [41] AUX_DATA [41] 

44 HALF_RATE_SPEECH [42] AUX_DATA [42] 

45 HALF_RATE_SPEECH [43] AUX_DATA [43] 

46 HALF_RATE_SPEECH [44] AUX_DATA [44] 

47 HALF_RATE_SPEECH [45] AUX_DATA [45] 

48 HALF_RATE_SPEECH [46] AUX_DATA [46] 

49 HALF_RATE_SPEECH [47] AUX_DATA [47] 

50 HALF_RATE_SPEECH [48] AUX_DATA [48] 

51 HALF_RATE_SPEECH [49] AUX_DATA [49] 

52 HALF_RATE_SPEECH [50] AUX_DATA [50] 

53 HALF_RATE_SPEECH [51] AUX_DATA [51] 

54 HALF_RATE_SPEECH [52] AUX_DATA [52] 

55 HALF_RATE_SPEECH [53] AUX_DATA [53] 

56 HALF_RATE_SPEECH [54] AUX_DATA [54] 

57 HALF_RATE_SPEECH [55] AUX_DATA [55] 

58 HALF_RATE_SPEECH [56] AUX_DATA [56] 

59 HALF_RATE_SPEECH [57] AUX_DATA [57] 

60 HALF_RATE_SPEECH [58] AUX_DATA [58] 

61 HALF_RATE_SPEECH [59] AUX_DATA [59] 

62 HALF_RATE_SPEECH [60] AUX_DATA [60] 

63 HALF_RATE_SPEECH [61] AUX_DATA [61] 

64 HALF_RATE_SPEECH [62] AUX_DATA [62] 

65 HALF_RATE_SPEECH [63] AUX_DATA [63] 

66 HALF_RATE_SPEECH [64] AUX_DATA [64] 

67 HALF_RATE_SPEECH [65] AUX_DATA [65] 

68 HALF_RATE_SPEECH [66] AUX_DATA [66] 

69 HALF_RATE_SPEECH [67] AUX_DATA [67] 

70 HALF_RATE_SPEECH [68] AUX_DATA [68] 

71 HALF_RATE_SPEECH [69] AUX_DATA [69] 
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72 HALF_RATE_SPEECH [70] AUX_DATA [70] 

73 HALF_RATE_SPEECH [71] AUX_DATA [71] 

74 HALF_RATE_SPEECH [72] AUX_DATA [72] 

75 HALF_RATE_SPEECH [73] AUX_DATA [73] 

76 HALF_RATE_SPEECH [74] AUX_DATA [74] 

77 HALF_RATE_SPEECH [75] AUX_DATA [75] 

78 HALF_RATE_SPEECH [76] AUX_DATA [76] 

79 HALF_RATE_SPEECH [77] AUX_DATA [77] 

80 HALF_RATE_SPEECH [78] AUX_DATA [78] 

81 HALF_RATE_SPEECH [79] AUX_DATA [79] 

82 DATA_HEADER[0] DATA_HEADER[0] 

83 DATA_HEADER[1] DATA_HEADER[1] 

84 DATA_HEADER[2] DATA_HEADER[2] 

85 DATA_BLOCK[0] DATA_BLOCK[0] 

86 DATA_BLOCK [1] DATA_BLOCK [1] 

87 DATA_BLOCK [2] DATA_BLOCK [2] 

88 DATA_BLOCK [3] DATA_BLOCK [3] 

89 DATA_BLOCK [4] DATA_BLOCK [4] 

90 DATA_BLOCK [5] DATA_BLOCK [5] 

91 DATA_BLOCK [6] DATA_BLOCK [6] 

92 DATA_BLOCK [7] DATA_BLOCK [7] 

93 DATA_BLOCK [8] DATA_BLOCK [8] 

94 DATA_BLOCK [9] DATA_BLOCK [9] 

95 DATA_BLOCK[10] DATA_BLOCK[10] 

96 DATA_BLOCK [11] DATA_BLOCK [11] 

97 DATA_BLOCK [12] DATA_BLOCK [12] 

98 DATA_BLOCK [13] DATA_BLOCK [13] 

99 DATA_BLOCK [14] DATA_BLOCK [14] 

100 DATA_BLOCK [15] DATA_BLOCK [15] 

101 DATA_BLOCK [16] DATA_BLOCK [16] 

102 DATA_BLOCK [17] DATA_BLOCK [17] 

103 DATA_BLOCK [18] DATA_BLOCK [18] 

104 DATA_BLOCK [19] DATA_BLOCK [19] 

105 DATA_BLOCK[20] DATA_BLOCK[20] 

106 DATA_BLOCK [21] DATA_BLOCK [21] 

107 DATA_BLOCK [22] DATA_BLOCK [22] 

108 DATA_BLOCK [23] DATA_BLOCK [23] 
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109 DATA_BLOCK [24] DATA_BLOCK [24] 

110 DATA_BLOCK [25] DATA_BLOCK [25] 

111 DATA_BLOCK [26] DATA_BLOCK [26] 

112 DATA_BLOCK [27] DATA_BLOCK [27] 

113 DATA_BLOCK [28] DATA_BLOCK [28] 

114 DATA_BLOCK [29] DATA_BLOCK [29] 

115 DATA_BLOCK[30] DATA_BLOCK[30] 

116 DATA_BLOCK [31] DATA_BLOCK [31] 

117 DATA_BLOCK [32] DATA_BLOCK [32] 

118 DATA_BLOCK [33] DATA_BLOCK [33] 

119 DATA_BLOCK [34] DATA_BLOCK [34] 

120 DATA_BLOCK [35] DATA_BLOCK [35] 

121 DATA_BLOCK [36] DATA_BLOCK [36] 

122 DATA_BLOCK [37] DATA_BLOCK [37] 

123 DATA_BLOCK [38] DATA_BLOCK [38] 

124 DATA_BLOCK [39] DATA_BLOCK [39] 

125 DATA_BLOCK[40] DATA_BLOCK[40] 

126 DATA_BLOCK [41] DATA_BLOCK [41] 

127 DATA_BLOCK [42] DATA_BLOCK [42] 

128 DATA_BLOCK [43] DATA_BLOCK [43] 

129 DATA_BLOCK [44] DATA_BLOCK [44] 

130 DATA_BLOCK [45] DATA_BLOCK [45] 

131 DATA_BLOCK [46] DATA_BLOCK [46] 

132 DATA_BLOCK [47] DATA_BLOCK [47] 

133 DATA_BLOCK [48] DATA_BLOCK [48] 

134 DATA_BLOCK [49] DATA_BLOCK [49] 

135 DATA_BLOCK[50] DATA_BLOCK[50] 

136 DATA_BLOCK [51] DATA_BLOCK [51] 

137 DATA_BLOCK [52] DATA_BLOCK [52] 

138 DATA_BLOCK [53] DATA_BLOCK [53] 

139 DATA_BLOCK [54] DATA_BLOCK [54] 

140 DATA_BLOCK [55] DATA_BLOCK [55] 

141 DATA_BLOCK [56] DATA_BLOCK [56] 

142 DATA_BLOCK [57] DATA_BLOCK [57] 

143 DATA_BLOCK [58] DATA_BLOCK [58] 

144 DATA_BLOCK [59] DATA_BLOCK [59] 

145 DATA_BLOCK[60] DATA_BLOCK[60] 
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146 DATA_BLOCK [61] DATA_BLOCK [61] 

147 DATA_BLOCK [62] DATA_BLOCK [62] 

148 DATA_BLOCK [63] DATA_BLOCK [63] 

149 ILLEGAL_CODEWORD[0] = 1 ILLEGAL_CODEWORD[0] = 1 

150 ILLEGAL_CODEWORD[1] = 0 ILLEGAL_CODEWORD[1] = 0 

151 ILLEGAL_CODEWORD[2] = 0 ILLEGAL_CODEWORD[2] = 0 

152 ILLEGAL_CODEWORD[3] = 0 ILLEGAL_CODEWORD[3] = 0 

153 ILLEGAL_CODEWORD[4] = 0 ILLEGAL_CODEWORD[4] = 0 

154 ILLEGAL_CODEWORD[5] = 0 ILLEGAL_CODEWORD[5] = 0 

155 ILLEGAL_CODEWORD[6] = 0 ILLEGAL_CODEWORD[6] = 0 

156 ILLEGAL_CODEWORD[7] = 0 ILLEGAL_CODEWORD[7] = 0 

157 ILLEGAL_CODEWORD[8] = 0 ILLEGAL_CODEWORD[8] = 0 

158 ILLEGAL_CODEWORD[9] = 0 ILLEGAL_CODEWORD[9] = 0 

159 ILLEGAL_CODEWORD[10] = 0 ILLEGAL_CODEWORD[10] = 0 

160 ILLEGAL_CODEWORD[11] = 0 ILLEGAL_CODEWORD[11] = 0 

161 ILLEGAL_CODEWORD[12] = 1 ILLEGAL_CODEWORD[12] = 1 

162 ILLEGAL_CODEWORD[13] = 0 ILLEGAL_CODEWORD[13] = 0 

163 ILLEGAL_CODEWORD[14] = 1 ILLEGAL_CODEWORD[14] = 1 

164 ILLEGAL_CODEWORD[15] = 1 ILLEGAL_CODEWORD[15] = 1 

165 ILLEGAL_CODEWORD[16] = 1 ILLEGAL_CODEWORD[16] = 1 

166 ILLEGAL_CODEWORD[17] = 0 ILLEGAL_CODEWORD[17] = 0 

167 ILLEGAL_CODEWORD[18] = 1 ILLEGAL_CODEWORD[18] = 1 

168 ILLEGAL_CODEWORD[19] = 0 ILLEGAL_CODEWORD[19] = 0 

169 ILLEGAL_CODEWORD[20] = 1 ILLEGAL_CODEWORD[20] = 1 

170 ILLEGAL_CODEWORD[21] = 0 ILLEGAL_CODEWORD[21] = 0 

171 Rate Sanity Flag = 0 Rate Sanity Flag = 0 

 1 

Table  4.3-6: Data Bit Streams for Rate 1  2 

3 
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 1 

Bit 
Index 

Rate 1/2 

Half Rate Data 

Packet Bits 

Rate 1/2 

Half Rate TTY Data 

Packet Bits 

Rate 1/2 

Half Rate DTMF Data 

Packet Bits 

1 SVS_DECI = 0 SVS_DECI = 0 SVS_DECI = 0 

2 DATA_HEADER[0] DATA_HEADER[0] = 0 DATA_HEADER[0] = 0 

3 DATA_HEADER[1] DATA_HEADER[1] = 1 DATA_HEADER[1] = 1 

4 DATA_HEADER[2] DATA_HEADER[2] = 0 DATA_HEADER[2] = 1 

5 DATA_BLOCK[0] TTY_TYPE[0] DTMF_DIGIT[0] 

6 DATA_BLOCK [1] TTY_TYPE [1] DTMF_DIGIT [1] 

7 DATA_BLOCK [2] TTY_TYPE [2] DTMF_DIGIT [2] 

8 DATA_BLOCK [3] TTY_TYPE [3] DTMF_DIGIT [3] 

9 DATA_BLOCK [4] TTY_TYPE [4] DTMF_DIGIT [4] 

10 DATA_BLOCK [5] TTY_TYPE [5] DTMF_DIGIT [5] 

11 DATA_BLOCK [6] TTY_TYPE [6] DTMF_DIGIT [6] 

12 DATA_BLOCK [7] TTY_TYPE [7] DTMF_DIGIT [7] 

13 DATA_BLOCK [8] TTY_HEADER[0] DTMF_DIGIT [8] 

14 DATA_BLOCK [9] TTY_HEADER [1] DTMF_DIGIT [9] 

15 DATA_BLOCK[10] TTY_HEADER [2] DTMF_DIGIT[10] 

16 DATA_BLOCK [11] TTY_HEADER [3] DTMF_DIGIT [11] 

17 DATA_BLOCK [12] TTY_HEADER [4] DTMF_DIGIT [12] 

18 DATA_BLOCK [13] TTY_HEADER [5] DTMF_DIGIT [13] 

19 DATA_BLOCK [14] TTY_HEADER [6] DTMF_DIGIT [14] 

20 DATA_BLOCK [15] TTY_HEADER [7] DTMF_DIGIT [15] 

21 DATA_BLOCK [16] TTY_CHAR[0] RESERVED 

22 DATA_BLOCK [17] TTY_CHAR [1] RESERVED 

23 DATA_BLOCK [18] TTY_CHAR [2] RESERVED 

24 DATA_BLOCK [19] TTY_CHAR [3] RESERVED 

25 DATA_BLOCK[20] TTY_CHAR [4] RESERVED 

26 DATA_BLOCK [21] TTY_CHAR [5] RESERVED 

27 DATA_BLOCK [22] TTY_CHAR [6] RESERVED 

28 DATA_BLOCK [23] TTY_CHAR [7] RESERVED 

29 DATA_BLOCK [24] TTY_CHAR [8] RESERVED 

30 DATA_BLOCK [25] TTY_CHAR [9] RESERVED 

31 DATA_BLOCK [26] TTY_CHAR[10] RESERVED 

32 DATA_BLOCK [27] TTY_CHAR [11] RESERVED 

33 DATA_BLOCK [28] TTY_CHAR [12] RESERVED 
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34 DATA_BLOCK [29] TTY_CHAR [13] RESERVED 

35 DATA_BLOCK[30] TTY_CHAR [14] RESERVED 

36 DATA_BLOCK [31] TTY_CHAR [15] RESERVED 

37 DATA_BLOCK [32] TTY_RATE[0] RESERVED 

38 DATA_BLOCK [33] TTY_RATE [1] RESERVED 

39 DATA_BLOCK [34] TTY_RATE [2] RESERVED 

40 DATA_BLOCK [35] TTY_RATE [3] RESERVED 

41 DATA_BLOCK [36] TTY_RATE [4] RESERVED 

42 DATA_BLOCK [37] TTY_RATE [5] RESERVED 

43 DATA_BLOCK [38] TTY_RATE [6] RESERVED 

44 DATA_BLOCK [39] TTY_RATE [7] RESERVED 

45 DATA_BLOCK[40] TTY_RATE [8] RESERVED 

46 DATA_BLOCK [41] TTY_RATE [9] RESERVED 

47 DATA_BLOCK [42] TTY_RATE[10] RESERVED 

48 DATA_BLOCK [43] TTY_RATE [11] RESERVED 

49 DATA_BLOCK [44] TTY_RATE [12] RESERVED 

50 DATA_BLOCK [45] TTY_RATE [13] RESERVED 

51 DATA_BLOCK [46] TTY_RATE [14] RESERVED 

52 DATA_BLOCK [47] TTY_RATE [15] RESERVED 

53 DATA_BLOCK [48] RESERVED RESERVED 

54 DATA_BLOCK [49] RESERVED RESERVED 

55 DATA_BLOCK[50] RESERVED RESERVED 

56 DATA_BLOCK [51] RESERVED RESERVED 

57 DATA_BLOCK [52] RESERVED RESERVED 

58 DATA_BLOCK [53] RESERVED RESERVED 

59 DATA_BLOCK [54] RESERVED RESERVED 

60 DATA_BLOCK [55] RESERVED RESERVED 

61 DATA_BLOCK [56] RESERVED RESERVED 

62 DATA_BLOCK [57] RESERVED RESERVED 

63 DATA_BLOCK [58] RESERVED RESERVED 

64 DATA_BLOCK [59] RESERVED RESERVED 

65 DATA_BLOCK[60] RESERVED RESERVED 

66 ILLEGAL_CODEWORD[0] = 1 ILLEGAL_CODEWORD[0] = 1 ILLEGAL_CODEWORD[0] = 1 

67 ILLEGAL_CODEWORD[1] = 1 ILLEGAL_CODEWORD[1] = 1 ILLEGAL_CODEWORD[1] = 1 

68 ILLEGAL_CODEWORD[2] = 1 ILLEGAL_CODEWORD[2] = 1 ILLEGAL_CODEWORD[2] = 1 

69 ILLEGAL_CODEWORD[3] = 1 ILLEGAL_CODEWORD[3] = 1 ILLEGAL_CODEWORD[3] = 1 

70 ILLEGAL_CODEWORD[4] = 1 ILLEGAL_CODEWORD[4] = 1 ILLEGAL_CODEWORD[4] = 1 
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71 ILLEGAL_CODEWORD[5] = 1 ILLEGAL_CODEWORD[5] = 1 ILLEGAL_CODEWORD[5] = 1 

72 ILLEGAL_CODEWORD[6] = 1 ILLEGAL_CODEWORD[6] = 1 ILLEGAL_CODEWORD[6] = 1 

73 ILLEGAL_CODEWORD[7] = 1 ILLEGAL_CODEWORD[7] = 1 ILLEGAL_CODEWORD[7] = 1 

74 ILLEGAL_CODEWORD[8] = 1 ILLEGAL_CODEWORD[8] = 1 ILLEGAL_CODEWORD[8] = 1 

75 ILLEGAL_CODEWORD[9] = 0 ILLEGAL_CODEWORD[9] = 0 ILLEGAL_CODEWORD[9] = 0 

76 ILLEGAL_CODEWORD[10] = 0 ILLEGAL_CODEWORD[10] = 0 ILLEGAL_CODEWORD[10] = 0 

77 ILLEGAL_CODEWORD[11] = 1 ILLEGAL_CODEWORD[11] = 1 ILLEGAL_CODEWORD[11] = 1 

78 ILLEGAL_CODEWORD[12] = 0 ILLEGAL_CODEWORD[12] = 0 ILLEGAL_CODEWORD[12] = 0 

79 ILLEGAL_CODEWORD[13] = 0 ILLEGAL_CODEWORD[13] = 0 ILLEGAL_CODEWORD[13] = 0 

80 ILLEGAL_CODEWORD[14] = 0 ILLEGAL_CODEWORD[14] = 0 ILLEGAL_CODEWORD[14] = 0 
 1 

Table 4.3-7: Data Bit Streams for Rate 1/2 2 
 3 

 4 

 5 

 6 

 7 

 8 

4.4 SMV Symbol Table 9 
 10 

 11 

Description Symbol Comments 

Half-rate max flag HRMF   

Selected SMV mode SMVM   

The frame counter  frm   

Size of encoding frame frmL  160=frmL  

Size of subframe SFL  Subframe size depends on the 
coding rate and the frame type 

Input speech  )(ns   

Output of silence enhancement   )(ns′   

Output of high-pass filter  )(ns ′′   
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Output of noise suppression  )(ns ′′′   

Pre-processed speech  )(~ ns   

Size of LPC window LPC
mL  

2,1,0=m  

LPC window )(nW LPC
m  

2,1,0=m   

LPC Autocorrelation function )(iRm  2,1,0=m  

Order of autocorrelation function  RO  10 for VAD-A, 16 for VAD-B 

Prediction coefficients  )(iam  
2,1,0=m  

Line spectral frequencies - LSF )(ilsfm  
2,1,0=m  

Reflection coefficients  )(ikm  
2,1,0=m  

LPC prediction error LPC
mPE  

2,1,0=m  

LPC prediction gain LPC
mG  

2,1,0=m  

Interpolated LPC prediction gain  LPC
mĜ  

4,3,2,1,0=m  

Interpolated reflection coefficients )(ˆ ikm  
4,3,2,1,0=m  

Interpolated prediction coefficients )(ˆ iam  
3,2,1,0=m  for Rate 1, 1/4, and 

1/8 

1,0=m  for Rate 1/2 type 0 

2,1,0=m  for Rate 1/2 type 1 

Quantized and interpolated prediction 
coefficients  

)(ˆ ia q
m  

3,2,1,0=m  for Rate 1, 1/4, and 

1/8 

1,0=m  for Rate 1/2 type 0 

2,1,0=m  for Rate 1/2 type 1 

Buffer of previous open-loop pitch lags )(il B
p   

Buffer of previous unquantized pitch gains )(ig B
p   

Buffer of previous normalized pitch 
correlation 

)(icorr B
p   

Voice activity decision  VAD   

Previous frame voice activity decision  prvVAD   

Music detection flag MUSF   
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Perceptual filter numerator weight  num
mw  

4,3,2,1,0=m  

Perceptual filter denominator weight den
mw  

4,3,2,1,0=m  

Weighing filter numerator coefficients )(ˆ ia num
m  

4,3,2,1,0=m  

Weighing filter denominator coefficients )(ˆ ia den
m  

4,3,2,1,0=m  

Adaptive low-pass filter parameters mµ  
4,3,2,1,0=m  

Weighted residual )(nrw   

Voiced/Unvoiced level VUVC   

Weighted residual half-frame energy )(mEwr  
1,0=m  

Sharpness of weighted residual wr
rpS

 
 

Weighted speech )(nsw   

Open-loop pitch lag )(ml ol
p  2,1,0=m  

Open-loop normalized correlation )(mRol
p  

2,1,0=m  

Frame classifier  FRC   

Previous frame classifier  prv
FRC   

Noise to signal ratio NSR   

Auxiliary class decision  SMC   

Onset flag onsetF   

LPC onset flag onsetLPCF _  
 

Noisy-voiced flag noisyVF
 

 

SMV rate for the frame Rate   

SMV rate for the previous frame prvRate   

Low boundary of open-loop pitch 
refinement at the end of the frame 

low
pl   

High boundary of open-loop pitch 
refinement at the end of the frame 

high
pl   

Signal modification accumulated delay SM∆   

Quantized open-loop pitch at the end of the 
encoding frame 

q
ppl   
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Integer part of quantized open-loop pitch at 
the end of the encoding frame 

q
INTppl ,   

Frame type Type   

Pitch contour  )(nPit   

Modified weighted speech )(nsmw   

Subframe pitch gains (unquantized or 
quantized)  

)(mga   

Subframe integer open-loop pitch  )(ml SF
p   

Modified speech  )(mod ns   

LSFs smoothing factor  LSF
SMOβ   

Smoothed LSFs for the encoding frame )(
1

ilsf   

Smoothed LSFs for the previous encoding 
frame 

)(
,1

ilsf
prv

  

Quantized LSFs for the frame )(1 ilsf q   

Interpolated LSFs for each subframe )(ˆ ifsl m  3,2,1,0=m  for Rate 1, 1/4, and 

1/8 

1,0=m  for Rate 1/2 type 0 

2,1,0=m  for Rate 1/2 type 1 

Quantized interpolated LSFs for each 
subframe 

)(ˆ ifsl q
m  3,2,1,0=m  for Rate 1, 1/4, and 

1/8 

1,0=m  for Rate 1/2 type 0 

2,1,0=m  for Rate 1/2 type 1 

Quantized adaptive-codebook gain for the 
last subframe of previous frame 

prv
ag   

Spectral flatness flag flatF   

LPC prediction gain from quantized 
parameters of the first subframe 

LPC
qG ,0  

 

Random number seed seed   

Random excitation (Rate 1/8)  )(nr   

Shaped random excitation (Rate 1/4)  )(nrq   
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Impulse response of combined synthesis 
and weighting filter 

)(nhimp   

Modified residual )(mod nr   

Target for closed-loop pitch search / pitch 
interpolation 

)(nTgs   

Adaptive codebook )(nC adp   

Ideal excitation  )(nIext   

Adaptive-codebook contribution (vector) )(ncadp
unf   

Filtered adaptive-codebook contribution )(ncadp
f   

Fixed-codebook contribution  )(nc fix
unf   

Filtered fixed-codebook contribution )(nc fix
f   

Normalized closed-loop pitch correlation wgt
pR

 
 

Fractional pitch for subframe p
FRCl   

Fractional pitch for previous subframe prvp
FRCl ,   

Integer pitch for subframe  p
INTl   

Normalized closed-loop pitch correlation  wgt
pR   

Subframe mode factor mod_subC   

Gain normalization factor  Eβ   

Modified pitch gain  aĝ   

(Possibly) modified impulse response of 
combined synthesis and weighting filter 

)(ˆ nhimp   

   

 1 

 2 

 3 
 4 

5 
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5 SMV ENCODER 1 
 2 

5.1 SMV Encoder Look Ahead Buffers and Delay 3 
The SMV encoder buffers 160 samples (20 ms) in an encoding frame buffer, and 80 samples 4 
(10 ms) in a lookahead buffer. Two options of windowing and buffering schemes are 5 
implemented for the SMV noise-suppression module, and are selected in the SMV 6 
simulation code by option A and option B.  7 
If the noise-suppression simulation code is compiled with option A, an additional 24 8 
samples are used for the noise suppression overlap-and-add procedure. In this case, the 9 
total fixed buffering delay at the encoder is 264 samples, or 33 ms.  10 
If the noise-suppression simulation code is compiled with option B, no additional samples 11 
are used for the noise suppression overlap-and-add procedure. In this case, the total fixed 12 
buffering delay at the encoder is 240 samples, or 30 ms. 13 
The encoder buffers are schematically represented in Figure 5.1-1. 14 
 15 
 16 
 17 
 18 
 19 
 20 
 21 
 22 
 23 

Figure 5.1-1: Selectable Mode Vocoder Encoder Buffering 24 
 25 
A speech modification procedure introduces a variable buffering delay, which is limited to 26 
20 samples (2.5 ms) (see Section 5.3.15). 27 

28 
28 

Encoding frame Lookahead  

Noise suppression overlap-and-add buffer  

(For option A only) 

20 ms 10 ms 3 ms
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5.2 SMV Encoder Pre-Processing 1 
The speech samples input to the SMV encoder are processed by four pre-processing units. 2 
The pre-processing units are silence enhancement, high-pass filtering, noise suppression, 3 
and adaptive tilt filtering. The pre-processing flowchart is given in Figure 5.2-1. 4 
 5 
 6 
 7 
 8 
 9 
 10 
 11 
 12 
 13 
 14 
 15 
 16 
 17 
 18 
 19 
 20 
 21 
 22 
 23 
 24 
 25 
 26 
 27 
 28 

Figure 5.2-1: SMV Pre-Processing 29 
 30 

31 

Pre-processed speech
)(~ ns  

Input speech  
)(ns  

Silence 
Enhancement 

High-pass 
Filter 

Noise  
Suppression 

Adaptive  
Tilt Filter 

)(ns′

)(ns′′

)(ns ′′′
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5.2.1 Silence Enhancement  1 
Routine name: PPR_silence_enhan 2 
Input: 3 

• Input speech: )(ns  4 

Output: 5 

• Silence enhanced speech: )(ns′  6 

 7 
The input signal is analyzed and modified to minimize low-level noise, typical of A-law and 8 
µ-law PCM quantization process.  9 
 10 

5.2.1.1 Identifying Minimum and Maximum Values 11 
The two maximum values in the frame and two minimum values in the frame are found by: 12 

{ }
{ }01111

000

,1,,0),()(:)(

1,,0),()(:)(

nnLnnsnsnsMax

LnnsnsnsMax

frm

frm

≠−=≥=

−=≥=

K

K

,
 (5.2.1.1-1)

 
13 

{ }
{ }01111

000

,1,,0),()(:)(

1,,0),()(:)(

nnLnnsnsnsMin

LnnsnsnsMin

frm

frm

≠−=≤=

−=≤=

K

K

.
 (5.2.1.1-2)

 
14 

Two smallest positive values in the frame and two largest negative values in the frame are 15 
found by: 16 

{ }0)(,1,,0),()(:)( 0000 ≥−=≤= nsLnnsnsnsMinPos frmK
,
 (5.2.1.1-3)

 
17 

{ }011111 ,0)(,1,,0),()(:)( nnnsLnnsnsnsMinPos frm ≠≥−=≤= K
,
 (5.2.1.1-4)

 
18 

{ }0)(,1,,0),()(:)( 0000 <−=≥= nsLnnsnsnsMaxNeg frmK
,
 (5.2.1.1-5)

 
19 

{ }011111 ,0)(,1,,0),()(:)( nnnsLnnsnsnsMaxNeg frm ≠<−=≥= K
.
 (5.2.1.1-6)

 
20 

A level that represents the zero value is initialized to 8=ZEROV . If 0 ZEROMinPos V< , the 21 
value of ZEROV  is set to 0MinPos . 22 

5.2.1.2 Setting Histogram Thresholds 23 

The four threshold values are initialized to 242 −=negTh , 81 −=negTh , 81 =posTh , and 24 

242 =posTh . The difference between the maximum value in the frame and the minimum 25 
value in the frame is: 26 

 00 MinMaxlev −=∆ . (5.2.1.2-1)
 

27 

 If min
levlev ∆∆ <  and 0≠lev∆   28 
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levlev ∆∆ =min

.
 (5.2.1.2-2)

 
1 

If min
levlev ∆∆ < , 0≠lev∆  and 48min ≤lev∆ , the threshold values for the histogram are updated 2 

according to: 3 
( ) {

}
{

( )

( )

}
1

2
1

0
1

0

0
2

1
1

01

32767if

32767if
else

0and0 if
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MinPos
MinPosTh

MinPos

MaxTh

MaxTh

MaxMax

pos

pos

pos

pos

=

<

=

<

=

=

>≥

 (5.2.1.2-3) 4 

 
5 

( ) {

}
{

( )

( )

}
1

2
1

0
1

0

0
2

1
1

01

32766if

32766if
else

0and0 if

MaxNegTh

MaxNeg
MaxNegTh

MaxNeg

MinTh

MinTh

MinMin
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neg

neg

neg

=

−>

=

−>

=

=

<<

.
 (5.2.1.2-4)

 
6 

5.2.1.3 Calculating the 3-Value Histogram 7 

A 3-value histogram is calculated, where SEH1  counts the number of samples in the frame 8 
on the interval [ )0,1

negTh , SEH 2  counts the number of samples in the frame on the interval 9 

[ ]1,0 posTh , and SEH 3  counts the number of samples in the frame on the combined interval 10 

[ ) ( ]32767,,32768 12
posneg ThTh U− . Three population ratios for the frame are calculated 11 

according to: 12 

frm

SE

ZERO L
HPR 10 =

,
 (5.2.1.3-1)

 
13 



 C.S0030-0 v3.0 

 47  

frm

SESE

LOW L
HHPR 210 +

=
,
 (5.2.1.3-2)

 
1 

frm

SE

HIGH L
H

PR 30 =
.
 (5.2.1.3-3)

 
2 

The population ratios for the current frame and for the last 3 frames, as well as the 3 
previous frame ‘silencing’ decision, are used to generate the current frame ‘silencing’ 4 
decision. If the current frame is ‘silenced’, but the previous frame was not ‘silenced’, the 5 
samples in the current frame are given by: 6 

( )







<<

<≤
⋅+⋅−

=′
frmZERO

ZERO

LnV

n
Vnnsn

ns
40;

400;
40

)(39
)(

.
 (5.2.1.3-4)

 
7 

If the current frame is ‘silenced’ and the previous frame was also ‘silenced’, all of the values 8 
in the frame are set to ZEROV . The samples of the current frame are not changed if the 9 
current frame is not “silenced” and the previous frame was not “silenced”. If the current 10 
frame is not ‘silenced’ but previous frame was ‘silenced’, the samples in the current frame 11 
are given by: 12 

( )







<<

<≤
⋅+⋅−

=′
frm

ZERO

Lnns

n
nsnVn

ns
40;)(

400;
40

)(39
)(

.
 (5.2.1.3-5)

 
13 

14 
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5.2.2 High-Pass Filtering 1 
Routine name: FLT_filterPZ (generic pole-zero filter) 2 
Input: 3 

• Silence enhanced speech, )(ns′  4 

Output: 5 
• High-pass filtered speech, )(ns ′′  6 

 7 
The speech is filtered by a high-pass filter with the transfer function: 8 

21

21

9114024.09059465.11
92727435.08544941.192727435.0

5.0)(
−−

−−

⋅+⋅−
⋅+⋅−

⋅=
zz

zz
zH . (5.2.2-1) 9 

The input is scaled down 3 dB by the multiplication factor of 0.5. 10 
11 
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5.2.3 Noise Suppression 1 
Routine name: SNS_modified_noise_suprs 2 
Input: 3 

• High-pass filtered speech, )(ns ′′  4 

• Previous frame class decision, v
FRC Pr  5 

Output: 6 
• Noise suppressed speech, )(ns ′′′  7 

Noise Suppression is used to improve the signal quality that is presented to the Model 8 
Parameter Estimator. The procedures by which the noise suppression is implemented is as 9 
described in Section 5.2.3. The input to (and the output from) the core noise suppression 10 
algorithm can be processed through two different options that are described in the following 11 
section. One of the option flags must be set prior to compiling the SMV simulation C code. 12 
The difference between the two options generally corresponds to the use of different 13 
analysis/synthesis windowing and buffering methodology, resulting in zero algorithmic 14 
delay for the noise suppression module when option B is selected. 15 
Processing:  Although the frame size of the speech codec is 20 ms, the Noise Suppressor 16 
subframe size is 10 ms; therefore, the following procedures shall be executed two times per 17 
20 ms speech frame and the current 10 ms subframe shall be denoted m . 18 
 19 

5.2.3.1 Noise Suppression Initialization 20 
The following variables shall be set to zero at initialization ( 0=m ): 21 

• The overlapped portion of the input subframe buffer, { })(md  22 

• The pre-emphasis and de-emphasis memories 23 

• The overlap-and-add buffer, { })(nh  24 

• The output buffer history, frmLnns <≤′′′ 0;)(  25 

• The onset counter Conset.       26 
The following shall be initialized to a startup value other than zero: 27 

• The channel energy estimate, )(mEch , (see 5.2.3.3) 28 

• The long-term power spectral estimate, )(mEdB , (see 5.2.3.6) 29 

• The channel noise estimate, )(mEn , (see 5.2.3.11) 30 
 31 
 32 
Figure 5.2-2 33 
 34 
Figure 5.2-2 depicts the Noise Suppression system that is described in the following 35 
sections. 36 
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Figure 5.2-2: Noise Suppression Block Diagram 25 
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5.2.3.2 Frequency Domain Conversion 1 

5.2.3.2.1 Windowing and Buffering - Option A  2 

In this approach, the input signal is windowed using a smoothed trapezoid window wherein 3 
the first D  samples of the input subframe buffer { })(md  overlap the last D  samples of the 4 
previous subframe.  This overlap is described as: 5 

DnnLmdnmd <≤+−= 0),1(),( , (5.2.3.2-1)
 

6 

where m  is the current subframe, n  is the sample index to the buffer { })(md , 80=L  is 7 
the subframe length, and 24=D  is the overlap (or delay) in samples. 8 
The remaining samples of the input buffer are then pre-emphasized according to the 9 
following: 10 

)1()(),( −′′⋅+′′=+ nsnsnDmd pζ ;        Ln <≤0 , (5.2.3.2-2)
 

11 

where 8.0−=pζ  is the pre-emphasis factor.  This results in the input buffer containing 12 
104=+ DL  samples of which the first D  samples are the pre-emphasized overlap from 13 

the previous subframe, and the following D  samples are pre-emphasized input from the 14 
current subframe. 15 
Next, a smoothed trapezoidal window is applied to the input buffer to form the DFT data 16 
buffer, { })(ng  defined as: 17 

( )( )

( )( )










<≤+
+<≤++−

<≤
<≤+

=

MnLD
LDnLDDLnnmd

LnDnmd
DnDnnmd

ng

;0
;2/5.0sin),(
;),(
0;2/5.0sin),(

)( 2

2

π

π

, (5.2.3.2-3)
 

18 

where 128=M  is the DFT sequence length and all other terms are previously defined. 19 
 20 

5.2.3.2.2 Windowing and Buffering - Option B 21 

A tapered trapezoidal window function as shown in Figure 5.2-3 is applied to the input 22 
sequence. The analysis and synthesis windows have slopes of anaD  = 12 and synD  = 6 23 
samples in length, respectively. 24 
 25 
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 1 
 2 
 3 
 4 
 5 
 6 
 7 
 8 
 9 
 10 
 11 

Figure 5.2-3: Two-Phase Trapezoidal Window with Overlap-and-Add. (The analysis 12 
window is illustrated using a solid line. The slopes of the synthesis window are shown 13 

with a dotted line.) 14 
 15 
Similar to option A, the input is overlapped and pre-emphasized according to equations 16 
[5.2.3.2-1) and (5.2.3.2-2), respectively. Unlike option A, the constant D is now equal to 17 
2 anaD - synD . The slope of the analysis window is defined as follows: 18 

)1/()1()( ++= anaana Dnnf
;     anaDn <≤0

.
 (5.2.3.2-4)

 
19 

The trapezoidal analysis window is applied to the pre-emphasized signal. 20 
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 (5.2.3.2-5) 
22 

where 128=M  is the length of the FFT buffer. 23 
 24 
The steps in Sections 5.2.3.3 to 5.2.3.11are common in both approaches and are described 25 
below. 26 
The transformation of )(ng  to the frequency domain is performed using the Discrete 27 
Fourier Transform (DFT) defined† as: 28 

                                                 
† This atypical definition is used to exploit the efficiencies of the complex Fast Fourier Transform 
(FFT).  The 2/M scale factor results from preconditioning the M point real sequence to form an M/2 
point complex sequence that is transformed using an M/2 point complex FFT.  Details on this 
technique can be found in Proakis, J. G. and Manolakis, D. G., Introduction to Digital Signal 
Processing, New York, Macmillan, 1988, pp. 721-722. 

synD

anaD
Input frame L
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∑
−

=

⋅=
1

0

/2)(2)(
M

n

Mnkjeng
M

kG π ;       Mk <≤0 . (5.2.3.2-6) 1 

where jwe is a unit amplitude complex phasor with instantaneous radial position ω . 2 

 3 

5.2.3.3 Channel Energy Estimator 4 

Calculate the channel energy estimate )(mEch  for the current subframe, m , as: 5 

 6 

( )
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Lαα ; 7 

                                                                                    cNi <≤0 ,  (5.2.3.3-1) 8 

where 0625.0min =E  is the minimum allowable channel energy, αch(m) is the channel 9 
energy smoothing factor (defined below),  Nc = 16 is the number of combined channels, and 10 
fL(i) and fH(i) are the thi  elements of the respective low and high channel combining tables, 11 
which are defined as: 12 

fL = { 2, 4, 6, 8, 10, 12, 14, 17, 20, 23, 27, 31, 36, 42, 49, 56 },
  (5.2.3.3-2)

 
13 

fH = { 3, 5, 7, 9, 11, 13, 16, 19, 22, 26, 30, 35, 41, 48, 55, 63 }.
  (5.2.3.3-3)

 
14 

The channel energy smoothing factor, )(mchα  is defined as: 15 
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Therefore, )(mchα  assumes a value of zero for the first subframe )0( =m , the value of 0.25 17 
for onset frames, and 0.45 for all other frames.  This allows the channel energy estimate to 18 
be initialized to the unfiltered channel energy of the first subframe, and to be adaptively 19 
updated for the subsequent subframes. 20 
 21 

5.2.3.4 Channel SNR Estimator 22 
Estimate the quantized channel SNR indices as: 23 
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where ),( imEn  is the current channel noise energy estimate (Section 5.2.3.11), and the 1 
values of { }qσ  are constrained to be between 0 and 89, inclusive. 2 

 3 

5.2.3.5 Voice Metric Calculation 4 
Next, calculate the sum of voice metrics as: 5 

( ))()(
1

0
iVmv q

N

i

C

σ∑
−

=

= , (5.2.3.5-1)
 

6 

where V(k) is the kth value of the 90 element voice metric table V, that is defined as: 7 
V = { 2, 2, 2, 2, 2, 2, 2, 2, 2, 2, 2, 3, 3, 3, 3, 3, 4, 4, 4, 5, 5, 5, 6, 6, 7, 7, 7, 8, 8, 9, 9, 

8 
10, 10, 11, 12, 12, 13, 13, 14, 15, 15, 16, 17, 17, 18, 19, 20, 20, 21, 22, 23, 24, 24, 

9 
25, 26, 27, 28, 28, 29, 30, 31, 32, 33, 34, 35, 36, 37, 37, 38, 39, 40, 41, 42, 43, 44, 

10 
45, 46, 47, 48, 49, 50, 50, 50, 50, 50, 50, 50, 50, 50, 50 }. 

11 

 (5.2.3.5-2) 12 
 

13 

5.2.3.6 Spectral Deviation Estimator 14 
Calculate the estimated log power spectrum as:  15 

( )),(log10),( 10 imEimE chdB = ;        cNi <≤0  .  (5.2.3.6-1)
 

16 

Then, calculate the estimated spectral deviation between the current power spectrum and 17 
the average long-term power spectral estimate:  18 

∑
−

=

−=
1

0
),(),()(

cN

i
dBdBE imEimEm∆ ,  (5.2.3.6-2)

 
19 

where )(mEdB  is the average long-term power spectral estimate calculated during the 20 
previous subframe, as defined by Equation (5.2.3.6-7). The initial value of )(mEdB , 21 
however, is defined to be the estimated log power spectrum of subframe 0, or: 22 

)0()( dBdB EmE = .  (5.2.3.6-3)
 

23 

Calculate the total channel energy estimate, )(mEtot  for the current subframe, m , 24 
according to the following:  25 
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i
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26 

Calculate the exponential windowing factor, )(mα , as a function of total channel energy, 27 
)(mEtot , as:  28 

( ))()( mEE
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 (5.2.3.6-5)

  
29 
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and then limit the result to be between Hα  and Hα  by  1 

{ }{ })(,min,max)( mm HL αααα = , (5.2.3.6-6)
 

2 

where EH and EL are the energy endpoints (in dB) for the linear interpolation of Etot(m), that 3 
is transformed to α(m) that has the limits αL ≤ α(m) ≤ αH.  The values of these constants 4 
are defined as:  EH = 50, EL = 30, αH = 0.99, αL = 0.50.  As an example, a signal with relative 5 
energy of 40 dB would use an exponential windowing factor of α(m) = 0.745 for the 6 
following calculation. 7 
Update the average long-term power spectral estimate for the next subframe by:  8 

( ) ),()(1),()(),1( imEmimEmimE dBdBdB ⋅−+⋅=+ αα ; 9 

                                                                                    cNi <≤0 , (5.2.3.6-7)
 

10 

where all the variables are previously defined. 11 
 12 

5.2.3.7 Background Noise Update Decision 13 
The following logic, shown in pseudo-code, demonstrates how the noise estimate update 14 
decision is ultimately made: 15 
 16 

 /* Normal update logic */ 17 
 update_flag = FALSE 18 
 if ( v(m) ≤ UPDATE_THLD ) { 19 
  update_flag = TRUE 20 
  update_cnt = 0 21 
 } 22 

 /* Forced update logic */ 23 
 else if (( Etot(m) > NOISE_FLOOR_DB ) and ( ∆E(m) < DEV_THLD )) { 24 
  update_cnt = update_cnt + 1 25 
  if ( update_cnt ≥ UPDATE_CNT_THLD ) 26 
   update_flag = TRUE 27 
 } 28 

 /* “Hysteresis” logic to prevent long-term creeping of update_cnt */ 29 
 if ( update_cnt == last_update_cnt ) 30 
  hyster_cnt = hyster_cnt + 1 31 
 else 32 
  hyster_cnt = 0 33 
 last_update_cnt = update_cnt 34 
 if ( hyster_cnt > HYSTER_CNT_THLD ) 35 
  update_cnt = 0 36 

The values of the previously used constants are UPDATE_THLD = 35, 37 
NOISE_FLOOR_DB = 10log10(Efloor) (see Section 5.2.3.9), DEV_THLD = 28, 38 
UPDATE_CNT_THLD = 50, HYSTER_CNT_THLD = 6. 39 
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 1 

5.2.3.8 SNR Estimate Modification 2 
Next, determine whether the channel SNR modification should take place, then proceed to 3 
modify the appropriate SNR indices: 4 
 /* Set or reset modify flag */ 5 
 index_cnt = 0 6 
 for ( i = NM  to  Nc - 1 step 1 ) { 7 
  if ( σq(i) ≥ INDEX_THLD ) 8 
   index_cnt = index_cnt + 1 9 
 } 10 
 if ( index_cnt < INDEX_CNT_THLD ) 11 
  modify_flag = TRUE 12 
 else 13 
  modify_flag = FALSE 14 
 15 
 /* Modify the SNR indices to get { }qσ ′ */ 16 
 if ( modify_flag == TRUE ) { 17 
  for ( i = 0 to  Nc - 1 step 1 ) 18 
   if (( v(m) ≤ METRIC_THLD ) or (σq(i) ≤ SETBACK_THLD )) 19 
    1)( =′ iqσ  20 
   else 21 
    )()( ii qq σσ =′  22 

            } 23 
 else  { 24 
  { }qσ ′ ={ }qσ  25 

            } 26 
 27 
 28 

 /* Limit { }qσ ′′  to SNR threshold σth */ 29 
 for ( i = 0 to  Nc - 1 step 1 ) 30 
  if ( thq i σσ <′ )( ) 31 
   thq i σσ =′′ )(  32 
  else 33 
   )()( ii qq σσ ′=′′  34 
 35 

The previous constants and thresholds are given to be: NM = 5, INDEX_THLD = 12, 36 
INDEX_CNT_THLD = 5, METRIC_THLD = 45, SETBACK_THLD = 12, σth = 6. 37 

 38 
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5.2.3.9 Channel Gain Computation 1 
Calculate the sum of the estimated noise spectrum En(m) (see Section 5.2.3.7). Reduce the 2 
sum by a constant factor, and limit it to a positive 00001.0=ε . The result, Tne, is given by: 3 
 4 

( )00001.0 , 0412.12),(max 1

0
−= ∑ −

=

cN

i nne imET . (5.2.3.9-1)
 

5 

Compute the overall gain factor for the current subframe as: 6 
 7 
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8 

where Efloor = 1 is the noise floor energy, and the minimum overall gain γmin = -13 dB if 9 
0=flatF , and γmin = -14 dB if 1=flatF . Next, calculate channel gains (in dB) as: 10 

( ) cn
c

gthq
i
dB Ni

N
iim <≤










+








−⋅⋅−′′= 0 ;     0,

4
1)(min)( γµσσγ , (5.2.3.9-3)

 
11 

where µg = 0.39 is the gain slope, i  is the channel index, and m  is the subframe number. 12 
Calculate the average gain for the low spectrum and for the high spectrum by: 13 
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14 

where m is the subframe number. onsetC  is calculated as a function of previous frame speech 15 
class v

FRC Pr , and is set to 1 if the previous frame was not an onset or voiced (stationary or 16 
non-stationary), and if one of the following conditions is met: i) 4)1()( >−− mm LL γγ , ii) 17 

3)()(  and  2)1()( −>−>−− mmmm HLLL γγγγ .  18 

If 3≤onsetC  it is incremented, and if 3>onsetC  it is set to 0. Based on the modify_flag, the 19 
previous frame class, )(mv , and onsetC , a voicing decision is made. If the voicing decision is 20 
TRUE, correct the channel gains for the channels indexed lower than 9 according to: 21 

    
( ) ( ) { }{ })( , )(),(max875.075.0)(875.025.0max)( mymmimyimy i

dBHL
i
dB

i
dB γγ⋅⋅−+⋅⋅+=

. 
22 

  (5.2.3.9-5) 
23 

Further, if 1≠onsetC , smooth the channel gains for the channels indexed lower than 9 are 24 
according to: 25 

( ))( , )1(25.0)(75.0min)( mmmm i
dB

i
dB

i
dB

i
dB γγγγ −⋅+⋅= , (5.2.3.9-6)

 
26 

and then convert the channel gains in dB to linear channel gains: 27 

C

i
dB

ch Nii m <≤= 0  ;    10)( 20/)(γγ
. (5.2.3.9-7) 

28 

 
29 
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5.2.3.10 Frequency Domain Filtering 1 
Now, apply the channel gains to the transformed input signal G(k): 2 
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
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)(

MkNffkkG
NiifkifkGi
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cHLchγ
. (5.2.3.10-1)

 
3 

where the bottom part of the equation represents the frequencies that are not altered by the 4 
channel gains.  Since it is also required that the magnitude of H(k) be even, and the phase 5 
be odd, the following condition is also imposed: 6 

( ) )(* kHkMH =− ,          20 Mk << , (5.2.3.10-2)
 

7 

where *  denotes complex conjugate.  This guarantees that the imaginary part of the inverse 8 
DFT of H(k) will be zero (in Equation (5.2.3.12-1)). 9 

 10 

5.2.3.11 Background Noise Estimate Update 11 
If (and only if) the update flag is set (update_flag = TRUE), then update the channel noise 12 
estimate for the next subframe by: 13 

{ } ( ) ),(1),(,max),1( min imEimEEimE chnnnn ⋅−+⋅=+ αα ;        cNi <≤0 ,  14 

 (5.2.3.11-1)
 

15 

where Emin = 0.0625 is the minimum allowable channel energy, and αn = 0.9 is the channel 16 
noise smoothing factor.  The channel noise estimate shall be initialized for each of the first 17 
four subframes to the estimated channel energy, i.e.: 18 

{ }),(,max),( imEEimE chinitn =   ; cNim <≤≤≤ 0,30 , (5.2.3.11-2)
 

19 

where Einit = 16 is the minimum allowable channel noise initialization energy. 20 

 21 

5.2.3.12 Time Domain Signal Reconstruction 22 
Convert the filtered signal to the time domain using the inverse DFT: 23 
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25 

5.2.3.12.1 Overlap-and-Add – Option A 26 

Complete the frequency domain filtering process by applying overlap-and-add: 27 
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Finally, apply signal de-emphasis by: 29 

)1()()( −′′′⋅+′=′′′ nsnhns dζ ;            Ln <≤0 , (5.2.3.12-3)
 

30 
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where ζd = 0.8 is the de-emphasis factor and { })(ns ′′′  is the output buffer.  1 

 2 

5.2.3.12.2 Overlap-and-Add – Option B 3 

The slope of the synthesis window is defined as 4 

synsynsyn DnDnnf <≤++= 0;)1/()1()(
.
 (5.2.3.12-4)

 
5 

The output overlap-add is calculated as follows: 6 
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 (5.2.3.12-5)
 

8 
Finally, the output signal is de-emphasized as follows: 9 

);1(),(')( −′′′++=′′′ nsDnmhns dana ζ
       

LnDana <≤−
,
 (5.2.3.12-6)

 
10 

where ζd = 0.8 is the de-emphasis factor and { })(ns ′′′  is the output buffer. 11 

 12 
Since a 10 ms subframe Noise Suppression is performed twice per 20 ms speech frame, the 13 
output presented to the adaptive tilt filter is a 20 ms frame )(ns ′′′ . 14 

15 
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5.2.4 Adaptive Tilt Filtering 1 

Routine name:  PPR_lowpass 2 

Input: 3 
• Noise suppressed speech, )(ns ′′′  4 

• Spectral flatness flag, flatF  5 

• SMV mode of operation, SMVM  6 

• Half-rate-max flag, HRMF  7 

Output: 8 
• Pre-processed speech, )(~ ns  9 

 10 

The speech is filtered by an adaptive tilt filter with the transfer function: 11 
11)( −⋅+= zzT λ . (5.2.4-1) 12 

The parameter λ  depends on the SMV operating mode, the spectral flatness flag, and on 13 
the half-rate-max flag, as given by Table 5.2-1. 14 

 15 

 SMV Mode 0 SMV Mode 1 SMV Mode 2 SMV Mode 3 

1,1 == HRMflat FF  0.0 0.0 0.0 0.0 

0,1 == HRMflat FF  -0.1 0.0 0.0 0.0 

1,0 == HRMflat FF  0.1 0.1 0.1 0.1 

0,0 == HRMflat FF  0.0 0.05 0.075 0.1 

 16 

Table 5.2-1: Input Spectral Tilt Coefficient Table 17 

 18 

 19 
20 
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5.3 SMV Encoder Frame Level Processing 1 

The frame processing in the SMV encoder includes linear prediction (LP) analysis, LSFs 2 
smoothing and quantization. The speech parameters are used for voice activity detection 3 
(VAD), frame classification, type selection, and rate determination. Using the perceptually 4 
weighted speech, open-loop pitch detection and signal modification is performed. Figure 5 
5.3-1 is a block diagram of the SMV frame level processing. 6 

 7 

 8 

 9 

 10 

 11 

 12 

 13 

 14 

 15 

 16 

 17 

Figure 5.3-1: Signal Flow for Frame Processing in SMV Encoder 18 

 19 
Depending on the encoding mode of operation, SMV classifies the input speech frame, and 20 
chooses an optimal Rate and Type for frame processing. Figure 5.3-2 illustrates the various 21 
stages of classification in the SMV encoder, as described in the following sections. Voiced 22 
activity detection is described in Sections 5.3.2 and 5.3.3. Music detection is described in 23 
Section 5.3.4. Voiced/unvoiced level detection is described in Section 5.3.7. Active speech 24 
classification is described in Section 5.3.10. Class correction is described in Section 5.3.12. 25 
The encoding mode dependent rate selection is described in Section 5.3.13. Voiced speech 26 
classification is described in Section 5.3.15.3. The final rate and class corrections are 27 
described in Section 5.3.16. 28 
 29 
 30 
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 1 

Figure 5.3-2: Stages of Classification in SMV Encoder 2 
 3 
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 1 
 2 

5.3.1 Linear Prediction (LPC) Analysis 3 
The SMV encoder performs the LPC analysis three times for each frame. Each LPC analysis 4 
is performed with a different weighting window, which is centered on a different section of 5 
the frame or the lookahead.  6 
The first LPC analysis is performed with the window centered on the second quarter of the 7 
encoding frame. The LPC parameters from this LPC analysis are used for generating the 8 
weighted speech, for the frame classification, and for determining the LSFs interpolation 9 
path for Rate 1 Type-0 frames. The second LPC analysis is performed with the window 10 
centered on the last quarter of the encoding frame. The LPC parameters from the second 11 
LPC analysis are smoothed (Section 5.3.21) and quantized (Section 5.3.22.3). The third LPC 12 
analysis is performed with the window centered on the lookahead buffer, and the LPC 13 
parameters are used for generating the weighted speech for the lookahead buffer.  14 

5.3.1.1 The LPC Analysis Weighting Windows 15 
Each of the three LPC analyses uses a different weighting window, but all weighting 16 
windows have the same size: 240=LPCL . The first LPC weighting window, )(0 nW LPC , is a 17 
symmetric Hamming window of size 240. The second LPC weighting window, )(1 nW LPC , is 18 
formed by the concatenation of the rising half of a Hamming window of size 150 with the 19 
falling half of a Hamming window of size 90. The third LPC weighting window, )(2 nW LPC , is 20 
formed by the concatenation of the rising half of a Hamming window of size 200 with the 21 
falling half of a raised-cosine window of size 40. 22 
 23 

5.3.1.2 The LP Analysis Procedure 24 
Routine name: LPC_analysis 25 

Input (for the thm  LPC analysis, 2,1,0=m ): 26 

• Pre-processed speech, )(~ ns  27 

• Spectral flatness flag, flatF  28 

• LPC weighting window, )(nW LPC
m  29 

• The autocorrelation order, RO ,  (10 for VAD-A, 16 for VAD-B) 30 

Output (for the thm  LPC analysis, 2,1,0=m ): 31 

• Autocorrelation function, )(iRm  32 

• Reflection coefficients, )(ikm  33 

• Prediction coefficient, )(iam  34 

• LSFs, )(ilsf m  35 
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• LPC prediction error, LPC
mPE  1 

• LPC prediction gain, LPC
mG  2 

 3 

5.3.1.2.1 Energy Calculation 4 

The segment energy is calculated as  5 

∑
−

=

=
1

0

2 ][~LPCL

n
LPC nsE . (5.3.1.2-1) 6 

If 0=LPCE  the LPC analysis procedure returns zero values for the autocorrelation, the 7 
reflection coefficients, the prediction coefficients, and the LP prediction error. The LP 8 
prediction gain (the prediction error in dB) is set to –DBL_MAX. The LSFs are set to equally 9 
spaced values. If 0≠LPCE , the LPC analysis proceeds to the next steps, described in 10 
Sections 5.3.1.2.2 to 5.3.1.2.5. 11 
 12 

5.3.1.2.2 Calculation of the Autocorrelation Function 13 

The signal is multiplied by the LPC window ( m  indicates the index of the LPC analysis): 14 

1n0   ;   )()(~)( −≤≤⋅= LPC
LPC

m
LPC
w LnWnsns . (5.3.1.2-2) 15 

The autocorrelation function is calculated according to: 16 

R

iL

n

LPC
w

LPC
wm OiinsnsiR

LPC

≤≤+⋅= ∑
−−

=

0;)()()(
1

0 . (5.3.1.2-3) 
17 

The autocorrelation function is multiplied by a bandwidth expansion factor of 60 Hz: 18 

101;6025.0exp)()(
2

≤≤



















 ⋅⋅
⋅−⋅⇐ i

F
iiRiR
s

mm
π

,  (5.3.1.2-4) 
19 

where 8000=sF  is the sampling frequency in Hz. High frequency compensation is 20 
preformed by multiplying the first autocorrelation coefficient by 1.0001, which is equivalent 21 
to adding a noise floor of -40 dB.  22 
 23 

5.3.1.2.3 Levinson-Durbin Algorithm 24 

The reflection coefficients, the prediction coefficients, and the LP prediction error are 25 
calculated by the standard Levinson-Durbin algorithm.1 The algorithm is given by (the 26 
index m  was omitted for the local variables of the algorithm): 27 
 28 

                                                 
1 See: Rabiner, L. R. and Schafer, R. W., Digital Processing of Speech Signals, (New Jersey: 
Prentice-Hall Inc, 1978), pp. 411-412. 
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5 

The LPC prediction coefficients for the thm  LPC analysis are given by: 6 

101; )( )10( ≤≤= iia im α . (5.3.1.2-6) 
7 

 
8 

5.3.1.2.4 Conversion to LSFs 9 

The prediction error filter transfer function, )(zA , is given by (the index m  omitted for 10 
clarity): 11 

∑
=

−⋅+=
10

1
)(1)(

i

iziazA
. (5.3.1.2-7) 

12 

Define two new transfer functions )(zPA  and )(zQA  as 13 
1110

1
6

5
5

5
1

1
111 ,1)()()( −−−−−−− −−−−+++=−= zzpzpzpzpzAzzAzPA KK

, 
14 

 (5.3.1.2-8) 
15 

and 16 
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1110
1

6
5

5
5

1
1

111 ,1)()()( −−−−−−− ++++++=+= zzqzqzqzqzAzzAzQA KK
 , 

1 

 (5.3.1.2-9) 
2 

where 3 

51;11 ≤≤−= − iaap iii , (5.3.1.2-10) 
4 

and 5 

51;11 ≤≤+= − iaaq iii . (5.3.1.2-11) 
6 

The LSF frequencies are the ten roots that exist between 0.0=ω  and 0.1=ω  in the 7 
following two equations: 8 

( ) ( ) ( )
2

cos4cos5cos)( 5
41

p
ppP

′
+⋅⋅′++⋅⋅′+⋅=′ ωπωπωπω K

, (5.3.1.2-12) 
9 

( ) ( ) ( )
2

cos4cos5cos)( 5
41

q
qqQ

′
+⋅⋅′++⋅⋅′+⋅=′ ωπωπωπω K

, (5.3.1.2-13) 
10 

where the parameters ip′  and iq′  are computed recursively from the parameters ip  and iq  11 
as 12 

100 =′=′ qp
, (5.3.1.2-14) 

13 

51;1 ≤≤′+=′ − ippp iii , (5.3.1.2-15) 
14 

51;1 ≤≤′−=′ − iqpq iii . (5.3.1.2-16) 
15 

Since the formant synthesis (LPC) filter is stable, the roots of the two functions alternate in 16 
the range from 0.0 to 1.0.  If these ten roots are denoted as )]10(,),2(),1([ lsflsflsf K  in the 17 
increasing order of magnitude, then )(ilsf  for 9,7,5,3,1=i  are roots of )(ωP′  and )(ilsf  18 
for 10,8,6,4,2=i  are those of )(ωQ′ .  19 

The LSFs calculated with the window centered at the second quarter of the encoding frame 20 
are denoted )(0 ilsf , the LSFs calculated with the window centered at the fourth quarter of 21 
the encoding frame are denoted )(1 ilsf , and the LSFs calculated with the window centered 22 
at the lookahead are denoted )(2 ilsf . 23 

 24 

5.3.1.2.5 LPC Prediction Error and LPC Prediction Gain 25 

The LPC prediction error is calculated by: 26 

( )∏
=

−⋅=
10

1

2 )(1)0(
i

mm
LPC
m ikRPE

. (5.3.1.2-17) 
27 

Where 2,1,0=m  indicates the LPC analysis performed on the second quarter of the 28 
encoding frame, the last quarter of the encoding frame, and the lookahead, respectively. 29 
The LPC prediction gain is obtained from LPC prediction error by: 30 
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1 

 
2 

5.3.1.3 Interpolation of LPC Prediction Gains, Reflection Coefficients, and Prediction 3 
Coefficients 4 

The encoding frame is divided into 4 subframes. The interpolated LPC prediction gain is 5 
obtained for each of the four subframes and the lookahead, indexed 4,3,2,1,0=m , by: 6 
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7 

Where LPC
prvG ,1  is LPCG1  of the previous frame. 8 

Five vectors of interpolated reflection coefficients are generated from the 3 vectors of 9 
reflection coefficients obtained during LPC analysis, by: 10 

( )
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. (5.3.1.3-2) 

11 

where )(,1 ik prv  is )(1 ik  of the previous frame. 12 

Five vectors of prediction coefficients, denoted by )(ˆ iam , are generated from the 3 vectors of 13 
prediction coefficients obtained during LPC analysis and the 2 vectors of LSFs generated for 14 
the second and the fourth quarter of the encoding frame. Similar to the interpolation of the 15 
reflection coefficients, )(ˆ1 ia is the vector of prediction coefficients obtained from the LPC 16 
analysis on the second quarter of the encoding frame, )(ˆ3 ia  is the vector of prediction 17 
coefficients obtained from the LPC analysis on the fourth quarter of the encoding frame, 18 
and )(ˆ4 ia  is the vector of prediction coefficients obtained from the LPC analysis on the 19 
lookahead. The interpolated vector )(ˆ0 ia  is obtained by interpolating )(,1 ilsf prv  and )(0 ilsf , 20 
where )(,1 ilsf prv  is )(1 ilsf  of the previous frame, and converting the interpolated LSF vector 21 
to the vector of prediction coefficients. The interpolated vectors )(ˆ2 ia  obtained by 22 
interpolating )(0 ilsf  and )(1 ilsf , and converting the interpolated LSF vector to the vector of 23 
prediction coefficients. 24 
 25 

26 
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5.3.2 Voice Activity Detection – Option A 1 
Routine name:  VAD_voice_detection 2 
A voice activity detector (VAD) is used to classify the input signal as either active voice 3 
(speech) or inactive voice (silence or background noise). The VAD extracts several 4 
parameters from the input signal and makes a voicing decision using a set of thresholds.   5 
Input: 6 

• Pre-processed speech, )(~ ns  7 

• Reflection coefficients from the LPC analysis on the last quarter of the coding 8 
frame, )(1 ik  9 

• LPCPE1 , the LP prediction error from the LPC analysis on the last quarter of the 10 
coding frame 11 

• Buffer of 5 previous open-loop pitch lags, 5,,1)( K=iil B
p  12 

• Buffer of 5 previous pitch gains (unquantized adaptive-codebook gains), 13 
5,,1)( K=iig B

p  14 

• Vector of LSFs from the LPC analysis on the last quarter of the coding frame, 15 
)(1 ilsf  16 

• Autocorrelation function from the LPC analysis on the last quarter of the coding 17 
frame, )(1 iR . 18 

 19 
Output 20 

• Voice activity decision (initial value), VAD  21 
 22 
 23 

5.3.2.1 Computation of VAD Parameters 24 
This section describes the computation of the VAD parameters. The frame energy, E , is 25 
calculated: 26 
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27 

A partial residual energy, resE , is calculated: 28 

( )




































−⋅

⋅=
∏

=

LPC

ires

L

ikR
E

4

1

2
11

10

)(1)0(
log10,0max

. (5.3.2.1-2) 
29 

The frame LPC gain, LPCG , is given by 30 
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Pitch lags standard deviation is calculated by: 2 
25
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3 

A running mean of the pitch gain is given by: 4 
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A periodicity flag, pF , is set, using pσ  and pg .  Two average vectors of the LSFs are given 6 
by (the negative index j denotes the saved previous frame LSFs, and the index 0 7 
corresponds to the LSFs of the current frame): 8 

∑ ∑
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9 

A normalized maximum measure is calculated  10 

N
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, (5.3.2.1-7) 

11 

where NM  is a running mean of NM , updated during silence segments. Three spectral 12 
distortion measures are obtained. The first measure is given by: 13 

LPC

T

PE
aaSD

1
1

R ⋅⋅
=

, (5.3.2.1-8) 
14 

 where a  is the LP prediction coefficients vector obtained from 2lsf , and R  is a symmetric 15 
Toëplitz matrix obtained for R .  The second measure is given by 16 

( )∑
=

−=
10

1

2

12 )()(
i

N ilsfilsfSD
, (5.3.2.1-9) 

17 

where )( ilsf N  is a running mean of the LSFs during silence segments (Section 5.3.2.4). 18 
The third spectral distortion measure is given by: 19 

( )∑
=

−=
10

1

2

13 )()(
i

ilsfilsfSD
, (5.3.2.1-10) 

20 

where lsf  is a continuous running mean of the LSFs. A minimum residual energy, resEmin , is 21 
tracked over a sliding window of the last 64 frames. The minimum is tracked on 8 22 
contiguous sub-segment for fast implementation. An active-speech mean energy is updated 23 
if 12min +> resres EE  according to: 24 
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resres
speech

res
speech EEE ⋅+⋅= 1.09.0

. (5.3.2.1-11) 
1 

A running mean of resE  that tracks the noise floor, res
noiseE , is updated during inactive 2 

frames (Section 5.3.2.4). A signal-to-noise ratio measure is estimated by: 3 
res

noise
res

speech EESNR −=
. (5.3.2.1-12) 

4 

An onset flag onsetF  is set according to energy increases and spectral changes. The running 5 
mean and history parameters are either initialized to default values or averages of their 6 
updating values over the first 32 frames. 7 
 8 

5.3.2.2 VAD Decision 9 
An initial voice activity decision is taken by comparing the VAD parameters to each other 10 
and to a set of fixed thresholds, controlled by the various flags. For the first 32 frames the 11 
thresholds are fixed, since the SNR convergence is not yet obtained, while for all 12 
subsequent frames a combination of fixed and adaptive thresholds, controlled by the SNR, 13 
dictates the initial VAD decision.  14 
 15 

5.3.2.3 Hangover 16 
An active speech VAD segment is further extended to avoid speech clipping.  The energy E , 17 

onsetF and SNR are used to control the amount of hangover used to extend the active speech 18 
decision to the current frame if the initial decision were inactive. 19 
 20 

5.3.2.4 Parameter Update During Silence/Noise 21 
The running-mean parameters that track the silence are updated if either the extended 22 
VAD decision is inactive speech or ( ( ) 5.3,max min +> resres

noise
res EEE ) and pF  indicates no 23 

periodicity. The running-mean parameters are updated using an auto-regressive scheme. 24 
 25 

5.3.2.5 Reset of Noise Floor Energy 26 

The noise floor energy, res
noiseE  is set for any frame subsequent to the 64th frame, according 27 

to: 28 
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5.3.3 Voice Activity Detection – Option B 1 
This scheme is used to select the voice activity decision (VAD) of the encoded frame prior to 2 
signal classification and rate-selection.  Active speech is encoded at Rate 1, Rate 1/2, or 3 
Rate 1/4 and background noise is encoded at Rate 1/8.  The actual data rate used for 4 
encoding the input signal is determined later by the signal classifier module. 5 
Inputs: 6 

• Bandwidth expanded correlation coefficients, 1R  7 

• Long-term prediction gain, )1(ol
pR=β  8 

• SMV Operating Mode, SMVM  9 

Outputs: 10 
• Voice activity decision (initial value), VAD 11 
Initialization: 12 
• Local VAD Rate histories, VAD_Rate(frm-1) and VAD_Rate(frm-2), are set to Rate 1/8 13 

frames. 14 
• . 15 

• Band energy, ( ) ( )frmE sm
if , initialization is given in 5.3.3.2.1. 16 

• Background noise estimate, ( ) ( )frmB if , initialization is given in 5.3.3.2.2. 17 

• Signal energy estimate, ( ) ( )frmS if , initialization is given in 5.3.3.2.3. 18 

 19 

5.3.3.1 Estimating the Data Rate and VAD Based on Current Signal Parameters 20 
A data rate local to Voice Activity Detection Option B is computed to aid the determination 21 
of the VAD. The local VAD data rate is determined by comparing the current frame energy 22 
in each of two frequency bands, ( )1f  and ( )2f , to background noise estimates in these 23 
respective bands.  Thresholds above the background noise in each band are determined by 24 
an estimated signal-to-noise ratio in each band.  These thresholds are set for Rate 1, Rate 25 
1/2, and Rate 1/8 encoding.  The highest rate calculated from the two frequency bands is 26 
then selected as the rate for the current frame. If Rate 1/8 encoding was selected VAD is 27 
set to 0, and if otherwise VAD is set to 1. 28 

5.3.3.1.1 Computing Band Energy 29 
The rate determination algorithm uses energy thresholds to determine the rate for the 30 
current frame.  The input speech is divided into two distinct bands: band ( )1f  spans 0.3-31 
2.0 kHz, band ( )2f  spans 2.0-4.0 kHz.†  The band energy for band ( )if , ( )ifB , is 32 
calculated as 33 
                                                 
† Whenever a variable (or symbol or value) with a subscript f(i) appears in any equation or 
pseudocode in 5.3.3.1.4, 5.3.3.2.2, and 5.3.3.2.3, it refers to a variable (or symbol or value) 
associated with either band f(1) or band f(2). 
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where: 2 
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0 , (5.3.3.1-2) 
3 

and ( )nhi  is the impulse response of the band-pass filter i, where i = 1, 2. ( )kR1  is the 4 
autocorrelation sequence defined in Section 5.3.1.2.2, and 17=hL  is the length of the 5 
impulse response of the band-pass filters. 6 
The band-pass filters used for both frequency bands are defined in Table 5.3-1. 7 
 8 

n h1(n) 
(lower band) 

n h2(n) 
(upper band) 

0 -0.0555725097656250 0 -0.0122985839843750 

1 -0.0721588134765625 1 0.0437622070312500 

2 -0.0103759765625000 2 0.0123901367187500 

3 0.0234527587890625 3 -0.0624389648437500 

4 -0.0607147216796875 4 -0.0124511718750000 

5 -0.1398925781250000 5 0.1053619384765625 

6 -0.0122528076171875 6 0.0124816894531250 

7 0.2799224853515625 7 -0.3180694580078125 

8 0.4375000000000000 8 0.4875030517578125 

9 0.2799224853515625 9 -0.3180694580078125 

10 -0.0122528076171875 10 0.0124816894531250 

11 -0.1398925781250000 11 0.1053619384765625 

12 -0.0607147216796875 12 -0.0124511718750000 

13 0.0234527587890625 13 -0.0624389648437500 

14 -0.0103759765625000 14 0.0123901367187500 

15 -0.0721588134765625 15 0.0437622070312500 

16 -0.0555725097656250 16 -0.0122985839843750 
 9 

Table 5.3-1 FIR Filter Coefficients Used for Band Energy Calculations 10 

5.3.3.1.2 Calculating Rate Determination Thresholds 11 

The rate determination thresholds for each frequency band ( )if  are a function of both the 12 
background noise estimate, ( ) ( )1−frmB if , and the signal energy estimate, ( ) ( )1−frmB if , of 13 

the previous or thfrm )1( −  frame.  Two thresholds for each band are computed as 14 
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( ) ( ) ( ) ( )( ) ( ) ( )( ) ( ) ( )1 111,11 −−=−− frmBfrmSNRkfrmSNRfrmBT ifififif ,
 (5.3.3.1-3) 

1 

( ) ( ) ( ) ( )( ) ( ) ( )( ) ( ) ( )1 121,12 −−=−− frmBfrmSNRkfrmSNRfrmBT ifififif ,
 (5.3.3.1-4) 

2 

where the integer ( ) ( )1−frmSNR if  is: 3 

( ) ( ) ( ) ( )
( ) ( )

( ) ( )
( ) ( )








−
≤−≤

−
−=−

7>1;
710;

0<1;

7
1

0
1

frmQSNRU
frmQSNRU

frmQSNRU
frmQSNRUfrmSNR

if

if

if

ifif

,
 (5.3.3.1-5) 

4 

and where: 5 

( ) ( ) ( ) ( ) ( ) ( )( )( )






 −−−

=−
5

2011log10
1 10 frmBfrmS

roundfrmQSNRU ifif
if

, (5.3.3.1-6) 
6 

The functions ( )•1k  and ( )•2k  for the different SMV modes are defined in Table 5.3-2, 7 
Table 5.3-3 and Table 5.3-4, and ( ) ( )1−frmB if  and ( ) ( )1−frmS if  are defined in Sections 8 
5.3.3.2.2 and 5.3.3.2.3, respectively. 9 
 10 

SNRf(i)(m-1) k1(SNRf(i)(m-1)) k2(SNRf(i)(m-1)) 

0 7.0 9.0 

1 7.0 12.5937 

2 8.0 17.0 

3 8.59375 18.5 

4 8.90625 19.40625 

5 9.40625 20.90625 

6 22.0 51 

7 63.1875 159.1875 

Table 5.3-2 Threshold Scale Factors as a Function of SNR, SMVM = 0 11 

 12 
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 1 

SNRf(i)(m-1) k1(SNRf(i)(m-1)) k2(SNRf(i)(m-1)) 

0 7.0 9.0 

1 7.0 12.59375 

2 8.0 17.0 

3 8.59375 18.5 

4 8.90625 19.40625 

5 11.28125 25.09375 

6 33.0 76.5 

7 126.40625 318.40625 

Table 5.3-3 Threshold Scale Factors as a Function of SNR, SMVM  = 1 2 

 3 

SNRf(i)(m-1) k1(SNRf(i)(m-1)) k2(SNRf(i)(m-1)) 

0 7.0 9.0 

1 8.6875 15.8125 

2 9.0 18.5 

3 10.0 20.0 

4 10.59375 22.8125 

5 13.8125 31.59375 

6 50.1875 158.5 

7 200.0 631.0 

Table 5.3-4 Threshold Scale Factors as a Function of SNR, SMVM  = 2, 3 4 

The threshold scale factors are identical for the low- and high-frequency bands. 5 

5.3.3.1.3 Comparing Thresholds 6 

Band energy, ( )ifBE , is compared with two thresholds: ( ) ( ) ( ) ( )( )1,11 −− frmSNRfrmBT ifif  7 
and ( ) ( ) ( ) ( )( )1,12 −− frmSNRfrmBT ifif .  If ( )ifBE is greater than both thresholds, Rate 1 is 8 
selected.  If ( )ifBE is greater than only one threshold, Rate 1/2 is selected.  If ( )ifBE is at or 9 
below both thresholds, Rate 1/8 is selected.  This procedure is performed for both 10 
frequency bands and the higher of the two  VAD rates selected from the individual bands is 11 
chosen as the preliminary VAD rate, RateVAD _ , for the current frame. 12 

5.3.3.1.4 Performing Hangover 13 

If the preliminary VAD data rate decision (from Section 5.3.3.1.3) transitions from at least 14 
two consecutive Rate 1 frames to a lower VAD rate frame, then the next M frames are 15 
selected as Rate 1 before allowing the VAD rate to drop to Rate 1/2 and finally to Rate 1/8.  16 
The number of hangover frames, M, is a function of the ( ) ( )11 −frmSNR f  (the SNR in the 17 
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lower frequency band) and is denoted as ( ) ( )( )11 −frmSNRHangover f  for the different SMV 1 
modes in Table 5.3-5, Table 5.3-6 and Table 5.3-7. ( ) ( )11 −frmSNR f  is calculated as 2 
defined in Equation (5.3.3.1-5). The hangover algorithm is defined by the following 3 
pseudocode: 4 

{ 5 
 if ( VAD_Rate(frm) == Rate 1 ) 6 
  count = 0 7 
 if (VAD_Rate(frm-1) == Rate 1 and VAD_Rate(frm-2) == Rate 1 and VAD_Rate(frm) != 8 
Rate 1) { 9 
  if ( count == 0 )  10 
   M = Hangover(SNRf(1)(frm-1)) 11 
  if ( count < M ) { 12 
   VAD_Rate(frm) = Rate 1 13 
   count = count + 1 14 
  } 15 
 } 16 
} 17 

where VAD_Rate(frm) is the VAD rate of the current frame and VAD_Rate(frm-1) and 18 
VAD_Rate(frm-2) are the VAD rates of the previous two frames, respectively.  Also, the VAD 19 
rates for the previous frames, as used here, are those generated by the RDA prior to 20 
override logic, and are, therefore, not subject to modification by external rate control as 21 
described in Section 5.3.3.1.5. 22 
 23 

SNRf(1)(m-1) Hangover (SNRf(1)(m-1)) 

0 6 

1 6 

2 5 

3 3 

4 0 

5 0 

6 0 

7 0 

Table 5.3-5 Hangover Frames as a Function of SNR, SMVM  = 0 24 

 25 
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 1 

SNRf(1)(m-1) Hangover (SNRf(1)(m-1)) 

0 5 

1 4 

2 3 

3 2 

4 0 

5 0 

6 0 

7 0 

Table 5.3-6 Hangover Frames as a Function of SNR, SMVM  = 1 2 

 3 

SNRf(1)(m-1) Hangover (SNRf(1)(m-1)) 

0 5 

1 4 

2 3 

3 2 

4 0 

5 0 

6 0 

7 0 

Table 5.3-7 Hangover Frames as a Function of SNR, SMVM  = 2, 3 4 

5.3.3.1.5 Constraining VAD Rate Selection 5 

The VAD rate selected by the procedures described in Sections 5.3.3.1.3 and 5.3.3.1.4 are 6 
used for the current frame except where it is modified by the following constraints. 7 
If the previous frame was selected as Rate 1 and the current frame is selected as Rate 1/8, 8 
then the VAD rate of the current frame should be modified to Rate 1/2.  There are no other 9 
restrictions on VAD rate transitions. 10 

5.3.3.2 Updating RDA Parameters 11 
After the RDA is complete, RDA parameters shall be updated as described in Sections 12 
5.3.3.2.1 through 5.3.3.2.3. 13 

5.3.3.2.1 Updating the Smoothed Band Energy 14 
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The band energy, )(ifBE , calculated in Equation (5.3.3.1-1) is smoothed and used to 1 
estimate both the background noise energy (see Section 5.3.3.2.2) and signal energy (see 2 
Section 5.3.3.2.3) in each band.  The smoothed band energy, ( ) ( )frmE sm

if , is computed as: 3 

( ) ( ) ( ) ( ) ,21;rm)(1)1(rm)(rm)( ≤≤−+−= iBEffrmEffE ifE
sm

ifE
sm

if αα  (5.3.3.2-1) 
4 

where frm refers to the current frame, and 5 

1;
1;

6.0
0

=rm)(
>
≤





frm
frm

fEα
. (5.3.3.2-2) 

6 

This allows the smoothed band energy to be initialized to the band energy of the first frame 7 
)0( =frm . 8 

 9 

5.3.3.2.2 Updating the Background Noise Estimate 10 

An estimate of the background noise level, ( ) ( )frmB if , is computed for the current, or 11 

frmth, frame using ( ) ( )1−frmB if , ( ) ( )frmE sm
if  (see Section 5.3.3.2.1) and ( ) ( )1−frmSNR if  12 

(see Section 5.3.3.1.2).  Pseudocode describing the background noise update for band )(if  13 
is given as 14 

{ 15 
 if ( β  < 0.30 for 4 or more consecutive frames ) 16 
  Bf(i)(m)= min{ Esmf(i)(m), 80954304, max{ 1.06Bf(i)(m-1), Bf(i)(m-1)+ 1 } } 17 
 else { 18 
  if ( SNRf(i)(m-1) > 1) 19 
   Bf(i)(m)= min{ Esmf(i)(m), 80954304, max{ 1.00547Bf(i)(m-1), Bf(i)(m-20 
1)+ 1 } } 21 
  else 22 
   Bf(i)(m)= min{ Esmf(i)(m), 80954304, Bf(i)(m-1) } 23 
 } 24 
 if ( Bf(i)(m) < lownoise(i) ) 25 
  Bf(i)(m) = lownoise(i) 26 
} 27 

where )1(ol
pR=β , is defined in Section 5.3.9.2, and ( ) ( )frmE sm

if , as well as ( ) ( )1−frmSNR if  28 
are defined in Section 5.3.3.2.1 and Section 5.3.3.1.2, respectively. lownoise(1) equals 29 
160.0 and lownoise(2) equals 80.0. 30 
At initialization, the background noise estimate for the first frame, Bf(i)(0), is set to 31 
80,954,304 for both frequency bands, and the consecutive frame counter for β  is set to 32 
zero.  Initialization also occurs if the audio input to the encoder is disabled and then 33 
enabled.†  34 
 35 
                                                 
† This prevents the silence before the audio is connected from being mistaken as unusually low 
background noise. 
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5.3.3.2.3 Updating the Signal Energy Estimate 1 

The signal energy, ( ) ( )frmS if , is computed as 2 
{ 3 
If ( β  > 0.5 for 5 or more consecutive frames ) 4 
 Sf(i)(frm)= max{ Esmf(i)(frm), min{ 0.97Sf(i)(frm-1), Sf(i)(frm-1) - 1 } } 5 
else 6 
 Sf(i)(frm)= max{ Esmf(i)(frm), Sf(i)(frm-1) } 7 
} 8 

where )1(ol
pR=β , is defined in Section 5.3.9.2, and ( ) ( )frmE sm

if  is defined in Section 9 
5.3.3.2.1.  10 

At initialization, the signal energy estimates for the first frame, ( ) ( )frmS f 1  and ( ) ( )frmS f 2 , 11 
are set to 32000 and 3200, respectively, and the consecutive frame counter for β  is set to 12 
zero.  Initialization also occurs if the audio input to the encoder is disabled and then 13 
enabled. 14 

15 



 C.S0030-0 v3.0 

 79  

 1 

5.3.4 Music Detection 2 
Routine name:  MUS_musdetect 3 
A music detector is used to classify the input signal as either music or speech. The 4 
detection takes place after the VAD decision is made. The music detector reuses some of 5 
the parameters of the VAD and extracts additional parameters from the speech. It makes a 6 
music detection decision and also corrects the initial voice activity decision from the VAD 7 
module using a set of thresholds. 8 

5.3.4.1 Input to Music Detector 9 
In addition to several parameters that are obtained in the VAD option A, or that are 10 
calculated independently if VAD option B is used, the music detector uses the following 11 
input: 12 

• a buffer of 5 previous normalized pitch correlations, 5,,1)( K=iicorr B
p  13 

 14 

5.3.4.2 Computation of Music Detector Parameters 15 

This section describes the computation of the music detector parameters. A difference lsf∆  16 
between )2(1lsf  and )1(1lsf , obtained from the LPC analysis on the last quarter of the 17 
coding frame, is computed. A running mean of )1(1lsf  is computed as: 18 

)1(25.0)1(75.0)1( 1lsflsflsf ⋅+⋅=
 (5.3.4.2-1) 

19 

A running mean energy, E , is calculated as: 20 

EEE ⋅+⋅= 25.075.0
 (5.3.4.2-2) 

21 

where E  is the frame energy. A spectral difference 4SD  is calculated as: 22 

( )∑
=

−=
10

1

2
14 )()(

i
N ikikSD

 (5.3.4.2-3) 
23 

where Nk  is the running mean reflection coefficients of noise/silence. The running mean of 24 
the partial residual energy res

NE  is updated along Nk  when the input VAD is inactive as: 25 
resres

N
res
N EEE ⋅+⋅= 1.09.0

  (5.3.4.2-4) 
26 

and 27 

10,,1)(25.0)(75.0)( 1 K=⋅+⋅= iikikik NN  (5.3.4.2-5) 
28 

A running mean of the normalized pitch correlation is given by: 29 









⋅⋅+⋅= ∑

=

=

5

1
)(

5
12.08.0

i

i

B
ppp icorrcorrcorr

 (5.3.4.2-6) 
30 



 C.S0030-0 v3.0 

 80  

A periodicity flag pF , similar to the one in the VAD module, is calculated using 1 

)(⋅B
pcorr and different thresholds. A spectral continuity counter spc  is incremented if 2 

0.0)2(1 ≥k  and 5.0<pcorr  and reset to 0 otherwise. A periodicity continuity counter prc  3 
is incremented each time pF  is set and reset to 0 every 32 frames. A running mean of the 4 
periodicity counter prc  is updated every 32 frames as: 5 

prprpr ccc ⋅−+⋅= )1( αα
 (5.3.4.2-7) 

6 

where  7 








>
>

=
otherwise90.0

1095.0
1298.0

pr

pr

c
c

α
 (5.3.4.2-8) 

8 

A very low frequency noise flag fF  is set if the initial VAD is inactive and either 9 

Hz 110)1(1 <lsf  or Hz 150)1( <lsf . The initial inactive VAD decision from the VAD module 10 
is corrected to an active VAD decision by comparing 4SD , resE , res

NE , E , and prc  to a set 11 
of thresholds.  A noise continuity counter NC  is incremented each time the corrected VAD 12 
is inactive and is reset otherwise.  A running mean of the normalized pitch correlation 13 

N
pcorr  is updated if either the corrected VAD is inactive or fF  is set: 14 









⋅⋅+⋅= ∑

=

=

5

1
)(

5
12.08.0

i

i

B
p

N
p

N
p icorrcorrcorr

 (5.3.4.2-9) 
15 

A music continuity counter Mc is adaptively incremented and decremented by comparing 16 
the MD parameters to each other and to a set of fixed thresholds, controlled by the various 17 
flags. A running mean of this counter Mc  is updated as: 18 

MMM ccc ⋅+⋅= 1.09.0
 (5.3.4.2-10) 

19 

5.3.4.3 Music Detection Decision 20 

The music detection flag MUSF  is set if either 18≥prc or 200>Mc . In this case, res
NE  is 21 

reset to 0. 22 

5.3.4.4 Reset of tracking counters 23 

prc , prc ,  and spc  are reset to 0 if either dB 13<E or fF  is set or 50>prc , or 20>spc . 24 

5.3.4.5 Update of pitch lag, pitch correlation and pitch gain buffers 25 

The pitch lag buffer )(⋅B
pl  is updated on a frame basis as: 26 

2,1,0 ),2()( =+= iilil B
p

B
p   (5.3.4.5-1) 

27 



 C.S0030-0 v3.0 

 81  

and 1 

)1()4( ),0()3( ol
p

B
p

ol
p

B
p llll ==

 (5.3.4.5-2) 
2 

Similarly, the pitch correlation buffer )(⋅pcorr  is updated on a frame basis as: 3 

2,1,0 ),2()( =+= iicorricorr B
p

B
p   (5.3.4.5-3) 

4 

and  5 

)1()4( ),0()3( ol
p

B
p

ol
p

B
p RcorrRcorr ==

. (5.3.4.5-4) 
6 

On the other hand, the pitch gain buffer )(⋅B
pg  is updated as on a subframe basis during 7 

Rate 1 and Rate 1/2 as: 8 

3,2,1,0 ),1()( =+= iigig B
p

B
p , (5.3.4.5-5) 

9 

and  10 

a
B
p gg =)4(

,  (5.3.4.5-6) 
11 

where ag  is the unquantized adaptive-codebook gain. 12 

 13 
 14 

15 
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5.3.5 Calculation of Weighting Coefficient for 4-Subframe Structure 1 
Routine name:  PWF_WeighingFilters 2 
 3 
Input: 4 

• First element of the interpolated reflection coefficient vector, ),0(ˆ
mk  for 5 

4,3,2,1,0=m  6 

• Interpolated LPC prediction gain, LPC
mĜ , for 4,3,2,1,0=m  7 

• Interpolated prediction coefficients, )(ˆ iam , for 4,3,2,1,0=m  8 

Output: 9 

• Weighing filter numerator coefficients, )(ˆ ia num
m  for 4,3,2,1,0=m  10 

• Weighing filter denominator coefficients, )(ˆ ia den
m , for 4,3,2,1,0=m  11 

 12 
The weighting filter coefficients for the four subframes and the lookahead, indexed by 13 

4,3,2,1,0=m , are calculated by the following procedure. A weighting coefficient for the 14 
numerator is given by: 15 

( ) ( )( )04.0,0,5.0)0(ˆmax0,5ˆmax03.0min9.0 −−⋅−⋅+= m
LPC
m

num
m kGw  (5.3.5-1)

 
16 

and a weighting coefficient for the denominator is given by 17 

( )0,9.0)0(ˆmin25.16.0 +⋅+= m
den
m kw

.
 (5.3.5-2)

 
18 

The filter coefficient for the numerator are calculated by: 19 

( ) 10,,1)(ˆ)(ˆ K=⋅= iiwiaia num
mm

num
m .

 (5.3.5-3)
 

20 

The filter coefficients for the denominator are calculated by: 21 

 
( ) 10,,1)(ˆ)(ˆ K=⋅= iiwiaia den

mm
den
m .

 (5.3.5-4)
 

22 

23 
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5.3.6 Generating the Weighted Residual 1 
Routine name: PWF_speech_to_residu 2 
Input: 3 

• Weighing filter numerator coefficients, )(ˆ ia num
m  for 4,3,2,1,0=m  4 

• Pre-processed speech, )(~ ns  5 

Output: 6 

• Weighted residual, )(nrw  7 

 8 

For each subframe, indexed by 4,3,2,1,0 =m , the weighted residual signal, )(nrw , is 9 
generated from the speech by the filter given by 10 

 ∑
=

−+=
10

1
)(ˆ1)(

i

inum
mm ziazH  (5.3.6-1) 11 

The filter parameters, )(ˆ ia num
m , are the filter coefficients for each of the four 5 ms subframes 12 

and the lookahead, calculated at Section 5.3.5.  13 
 14 

15 
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5.3.7 Initial Setting of Voiced/Unvoiced Level 1 
Function name:  CLA_NoiseUnvoicedDetect 2 
Input: 3 

• Pre-processed speech, )(~ ns  4 

• Weighted residual, )(nrw  5 

Output: 6 

• Voiced/Unvoiced level (initial value), VUVC  7 

• Energies of weighted residual for two halves of the frame, )0(rwE  and )1(rwE  8 

• Sharpness of weighted residual, wr
rpS  9 

 10 

The initial setting of voiced/unvoiced level of speech, VUVC , is to the values 0, 1, or 2. The 11 
value of the parameter is further refined, and extended to include level 3, in Sections 5.3.12 12 
and 5.3.15. 13 
 14 

5.3.7.1 Calculation of Decision Parameters 15 
The sharpness of the weighted residual is calculated by: 16 

)(max

)(

1,,0

1

0

1

nr

nr
S

wLn

L

n
wLwr

rp

frm

frm

F

−=

−

=
∑

=
K

.  (5.3.7.1-1) 17 

The first order prediction coefficient of the speech on the second half of the frame is given 18 
by: 19 

∑

∑
−

=
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)(~
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frm
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L
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ns

nsns

p(  (5.3.7.1-2) 20 

The zero-crossing rate of the speech signal on the second half of the frame, zcC , is 21 
calculated by evaluating the number of sign changes of the speech signal over the second 22 
half of the frame, and normalizing it with the half-frame size.  23 
The energies of the weighted residual on the first half and on the second half of the frame 24 
are given by: 25 

∑∑
−

=

−

=

==
1

2

2
12

0

2 )()1(         )()0(
frm

frm

frm L

L
n

w

L

n
rwwrw nrEnrE    (5.3.7.1-3)

 
26 
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The energy of the signal of the first ¾ of the frame is calculated by: 1 

∑
−

=

=
14

3

0

2 )(~

4
3

1
4

3

frmL

nfrm

ns
L

E  (5.3.7.1-4) 2 

The number of speech samples in the frame that has an absolute value less than 0.1 is 3 
counted, and denoted 1.0C . 4 

5.3.7.2 Initial Setting Voiced/Unvoiced Level  5 

Six of the 7 parameters ( 2E  excluded) are compared to a set of thresholds, for an initial 6 
setting of the voiced/unvoiced level, VUVC , for the frame. The initial setting is 0, 1, or 2. 7 

8 
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5.3.8 Generating the Weighted Speech 1 
Routine name:  PWF_residu_to_wspeech 2 
Input: 3 

• Weighted residual, )(nrw  4 

• Weighing filter denominator coefficients, )(ˆ ia den
m , for 4,3,2,1,0=m  5 

• First element of the interpolated reflection coefficient vector, ),0(ˆ
mk  for 6 

4,3,2,1,0=m  7 

• Spectral flatness flag, flatF  8 

Output: 9 

• Weighted speech, )(nsw  10 

• Adaptive low-pass filter parameters, mµ , for 4,3,2,1,0=m  11 

The weighted speech, ws , is generated from the weighted residual signal with the 12 
application of a fixed weighted synthesis filter and an adaptive low-pass filter. The transfer 13 
function of the weighted synthesis filter for each subframe, indexed by 4,3,2,1,0=m , is 14 
given by: 15 

∑
=

−⋅+
= 10

1

)(1

1)(

i

iden
m

m

zia
zH  (5.3.7.2-1)

 
16 

The weighting filter parameters, )(ia den
m , are the coefficients for each of the four 5 ms 17 

subframes and the lookahead calculated in Section 5.3.5. The adaptive low-pass filter is 18 
given by: 19 

11)( −⋅+= zzL mµ  (5.3.7.2-2)
 

20 

Where mµ  is given by:  21 

{ }{ }






=
=+

=
10
00,3.0,5.0)0(ˆminmax

flat

flatm
m F

Fk
µ  (5.3.7.2-3)

 
22 

 23 
24 
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5.3.9 Open-Loop Pitch Detection 1 
Routine name:  PIT_ol_2pitchs 2 
Input: 3 

• Weighted speech, )(nsw  4 

• Previous frame class, prv
FRC  5 

• Previous frame open-loop pitch lags 6 
• Previous frame open-loop pitch normalized correlation 7 

Output: 8 

• Open-loop pitch lags, )(ml ol
p , 2,1,0=m  9 

• Open-loop pitch normalized correlation, )(mRol
p , 2,1,0=m  10 

 11 
The open-loop pitch detection module calculates 3 open-loop pitch values, for the first half 12 
of the encoding frame, the second half of the encoding frame, and the lookahead. It 13 
searches and determines the open-loop pitch lags for the look ahead and for the second 14 
half of the encoding frame. It obtains the open-loop pitch lag for the first half of the 15 
encoding frame by refining the open-loop pitch lag of the previous frame lookahead open-16 
loop pitch lag. 17 

5.3.9.1 Open-Loop Pitch Detection on the Look Ahead Buffer 18 
The open-loop pitch on the lookahead buffer is estimated by selecting 4 open-loop pitch 19 
candidates on 4 intervals, selecting an initial best candidate, and selecting a final best 20 
candidate using smoothing. 21 

5.3.9.1.1 Selection of 4 Open-Loop Pitch Candidates 22 

The normalized correlation of the weighted speech is calculated for the interval [17,148]. 23 
The normalized correlation is given by: 24 
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25 

The maximum of the normalized correlation is found for each of the four intervals [17,33], 26 
[34,67], [68,135], and [136,148], resulting in four maximum values of )(lR p .  The locations 27 
of these four )(lR p  are the initial estimate of the four open-loop pitch candidates. The non-28 
uniform size of the intervals is to help the detection of potential pitch multiples, as will be 29 
discussed in the next section.  30 

5.3.9.1.2 Correction of Open-Loop Pitch Multiples for the Lookahead 31 
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The location of the maximum of the normalized correlation )(lR p  from the 4 possible 1 

candidates is selected as the initial candidate, ol
candl , for the open-loop pitch lag. In order to 2 

avoid pitch doubling, pitch correction is performed by inspecting the pitch candidates from 3 
the lower pitch ranges. The lookahead pitch value is corrected using the last two frames 4 
open-loop pitch lags that were calculated on the second half of the respective frame, and 5 
their 4-level reliability indicator. To avoid pitch multiples, the pitch is corrected by 6 
inspecting the pitch candidates selected from the intervals of lower pitch lag. A weighting 7 
parameter, D, is calculated for each lower-lag pitch candidate, based on its fitting to the 8 
previous frames’ pitch contour. A flag signifies if the lower-lag pitch candidate is a possible 9 
1/2, 1/3, or 1/4 of the initial candidate, ol

candl .  10 

If the lower-lag pitch fits into the pitch contour, if it is a possible sub-multiple of the initial 11 
candidate, and if its normalized correlation )(lR p  is larger than 0.25, the lower-lag pitch 12 

value replaces the initial candidate ol
candl  as the selected open-loop pitch, )2(ol

pl . 13 

 14 

5.3.9.2 Open-Loop Pitch Detection on the Second Half of the Encoding Frame 15 
Before detecting the open-loop pitch detection for the second half of the frame, the past 16 
pitch values and their corresponding reliability indicators, used for the pitch contour 17 
matching, are modified. The open-loop pitch from the previous frame lookahead, or the 18 
open-loop pitch from the current frame lookahead (computed in the last section), replaces 19 
the open-loop pitch kept from 2 frames in the past, if the pitch estimates of the last two 20 
frames were not reliable.  21 
Following this correction, the normalized correlation and the initial 4 pitch candidates for 22 
this segment are calculated in similar fashion to Section 5.3.9.1.1, and pitch multiples are 23 
eliminated, in similar fashion to Section 5.3.9.1.2, to select an updated open-loop pitch 24 
candidate. 25 
 26 

5.3.9.3 Final Open-Loop Pitch Correction 27 
The final open-loop pitch for the lookahead obtained according to Section 5.3.9.1 is selected 28 
as )2(ol

pl , and the normalized correlation is returned as: 29 

( ))2()2( ol
pp

ol
p lRR =

 (5.3.9.3-1) 
30 

The open-loop pitch candidate for the second half of the encoding frame is selected 31 
according to Section 5.3.9.2. The open-loop pitch candidate for the first half of the encoding 32 
frame is given by the lookahead open-loop pitch value of the previous frame. The two later 33 
candidates are tested and modified to select the final open-loop pitch values, providing a 34 
smooth pitch contour and further correction of pitch sub-multiples.  35 
 36 

5.3.9.3.1 Smoothing of the Open-Loop Pitch Candidates 37 

The open-loop pitch of the previous two frames, the open-loop pitch candidate for the first 38 
and the second halves of the frame, the open-loop pitch for the lookahead, and their 39 
corresponding normalized correlations, are examined for smoothness and reliability. 40 
According to this examination, the open-loop pitch for the second half of the frame can be 41 
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modified to either the value of the open-loop pitch on the lookahead, or an average of the 1 
open-loop pitch on the first half of the frame and the open-loop pitch on the lookahead, or 2 
can be reselected from the initial pitch candidates that were computed according to Section 3 
5.3.9.1.1. The open-loop pitch for the first half of the frame can be modified, according to 4 
this examination, to either the value of the average of the open-loop pitch of the previous 5 
frame and the open-loop pitch on the second half of the frame, or can be reselected from 6 
the initial pitch candidates that were computed according to Section 5.3.9.1.1. 7 
 8 

5.3.9.3.2 Further Correction of Pitch Sub-Multiples 9 

For voiced speech frames, open-loop pitch lag candidates of less than 50 samples for the 10 
first and second halves of the frame are further tested against an average of the open-loop 11 
pitch lag. If they are significantly smaller than the average, they are modified to either one 12 
of initial pitch candidates that were computed according to Section 5.3.9.1.1, or to the 13 
open-loop pitch of the previous frame. The average pitch lag is updated on a frame-by-14 
frame basis using the final open-loop pitch candidate from the second half of the frame.  15 
The update is done in a recursive manner with a leakage factor of 0.75 and it is done only 16 
for voiced speech with reliable and smooth pitch contour. The average pitch lag is reset to 17 
40 after 3 frames of inactive speech. 18 

The refined pitch lag for the first half of the frame is returned as )0(ol
pl  and the selected 19 

pitch lag for the second half of the frame is returned as )1(ol
pl . The normalized correlations 20 

are returned as: 21 

( ))0()0( ol
pp

ol
p lRR =

 (5.3.9.3-2) 
22 

( ))1()1( ol
pp

ol
p lRR =

 (5.3.9.3-3) 
23 

24 



 C.S0030-0 v3.0 

 90  

5.3.10 Initial Frame Classification 1 
Routine name:  CLA_signal_classifier 2 
Input: 3 

• Pre-processed speech, )(~ ns  4 

• Open-loop pitch lag on the second half of the frame )1(ol
pl  5 

• Open-loop pitch normalized correlation on the second half of the frame, )1(ol
pR  6 

Output: 7 

• Frame class decision (initial value), FRC  8 

 9 
The initial frame classification perform the initial classification of the frame into one of the 10 
6 categories:  11 

0 - Silence 12 
1 - Noise-like Unvoiced 13 
2 - Unvoiced 14 
3 - Onset 15 
5 - Non-stationary voiced 16 
6 - Stationary voiced 17 

Note that the category number 4 is not used. Also, class 1, of noise-like unvoiced, and class 18 
6, of stationary voiced, are determined later.  19 

5.3.10.1 Average and Variance of Open-Loop Pitch Values 20 

An average of the open-loop pitch, )1(ol
pl , on the last two frames and the current frame, is 21 

calculated and denoted by avg
pl . The variance of the same 3 open-loop pitch values is 22 

calculated and denoted by var
pl .  23 

5.3.10.2 Noise-Suppressed Classification Parameters  24 

5.3.10.2.1 First Order Reflection Coefficients for 4 Subframes 25 

The frame is divided into 4 subframes of 40 samples each. For each of such subframe the 26 
first order reflection coefficient is calculated, using a Hamming window of 80 samples 27 
centered on the middle of the subframe. The first order reflection coefficient for the thm  28 
subframe is denoted cl

mk  and is given by: 29 
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where  1 

79,,0)()2040(~)(~ K=⋅+−⋅= nnWnmsns Hm  (5.3.10.2-2) 
2 

and )(nWH is a Hamming window of size 80. 3 

 4 

5.3.10.2.2 Noise-Suppressed Spectral Tilt, Absolute Maximum, and Open-Loop Pitch 5 
Correlation 6 

At the next step, the frame is divided into 8 subframes of 20 samples each. For each of 7 
such subframe, indexed by m , the spectral tilt for the thm  subframe is defined by 8 

 
cl
m

cl
m kT 2/= . For each of such subframe the absolute maximum value of the samples in an 9 

interval is calculated and denoted cl
mM . The interval for the calculation of the absolute 10 

maximum value is related, but not identical, to the subframe, and is defined by its start 11 
and end points. The start point is given by: 12 
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 (5.3.10.2-3) 
13 

(Negative indices relate to past samples). The end point is given by 120100endm −+= m . 14 
The maximum of the absolute value is given by: 15 

{ }mmi
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m endistartisM ≤≤= ,)(max

 (5.3.10.2-4) 
16 

For each such subframe the energy is calculated on an interval, which is related to the 17 
subframe, and is denoted cl

mE . Its start and end points define the interval. The start point 18 
is given by: 19 
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 (5.3.10.2-5) 
20 

The end point is given by 12020endm −+= m . The energy of the segment is calculated by: 21 
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 (5.3.10.2-6) 
22 

The running means of the energy, the spectral tilt, the absolute maximum and the open-23 
loop pitch normalized correlation ( noiseE , noiseT , noiseM noiseR ) are updated for each on the 24 
20-sample subframes. For the first 6 frames, the update is performed if 25 

5.0)1(and4.0 <−< ol
p

cl
n RT  according to: 26 
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 (5.3.10.2-7) 
1 

For frames later than the first six frames the update is controlled by the VAD decision, and 2 
the update is performed if the 0=VAD  according to: 3 
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 (5.3.10.2-8) 
4 

The noise-to-signal ratio is given by: 5 
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 (5.3.10.2-9) 
6 

A buffer of the last 7 values of the noise-suppressed spectral tilt and the noise-suppressed 7 
absolute maximum is maintained. (The values in the buffer can be from the previous frame 8 
or the current frame, as the subframe index progresses from the first to the last.) The 9 
updated value of each noise-suppressed parameter is calculated according to: 10 
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 (5.3.10.2-10) 
11 

A noise-suppressed value of the open-loop pitch normalized correlation is calculated 12 
according to: 13 

noise
cl
m

ol
pns RNSRRmR ⋅−= )1()(

 (5.3.10.2-11) 
14 

5.3.10.2.3 Spectral Tilt Slope, Absolute Maximum Slope, and Slope Statistics 15 

A first order derivative (slope) of the spectral tilt and the absolute maximum for the thm  16 
subframe is calculated by: 17 
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 (5.3.10.2-12) 
18 

For each frame, using the noise-suppressed parameters, the minimum of the spectral tilt 19 
slope for the frame, minT ′ , the maximum of the slope of the absolute maximum, maxM ′ , the 20 
sum of the slopes of the absolute maximums, M ′ , the minimum of the spectral tilt, minT , 21 
and the sum of the noise suppressed spectral tilt, T , are given by: 22 
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1 

An auto-regressive average of minT  is generated by minminmin 25.075.0 TTT avgavg ⋅+⋅= . 2 

5.3.10.2.4 Statistics of Open-Loop Pitch Correlation 3 

The maximum of the noise-suppressed open-loop pitch correlation, maxR , and the sum of 4 
noise-suppressed open-loop pitch correlation, R , are given by: 5 

∑
=

=

=

=
8

1

8

1max

)(

)(max

i
ns

nsi

iRR

iRR

 (5.3.10.2-14) 
6 

An auto-regressive average of R  is given by RRR avgavg ⋅+⋅= 25.075.0 . 7 

5.3.10.2.5 Classification Decision  8 

The calculated parameters are compared to a set of thresholds to generate two Boolean 9 
parameters, one indicating voiced speech, and the other indicates onset speech. The 10 
Boolean parameters are further modified according to the stored Boolean parameters of the 11 
previous frame. The voiced parameter, the onset parameter, the VAD decision, and the 12 
previous frame initial classification decision, are used in a set of Boolean conditions to 13 
provide the initial frame classification decision for the current frame, FMC . The initial 14 
frame classification is limited to the classes of Silence (0), Unvoiced (2), Onset (3), or Voiced 15 
(5). 16 
 17 

18 
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5.3.11 Noise-to-Signal Ratio (NSR) Estimation 1 
Routine name:  SNR_Calc_NSR_enc 2 
Input: 3 

• Pre-processed speech, )(~ ns  4 

• LSFs calculated on the last quarter of the encoding frame, )(1 ilsf  5 

• Voice activity detection flag, VAD  6 

• Frame class (initial value), FMC  7 

Output: 8 
• Noise-to-signal measure, NSR  9 

 10 
The noise-to-signal ratio (NSR) is a measure of the level of background noise presented to 11 
the SMV codec. The NSR is the reciprocal of the more familiar signal-to-noise ratio value, 12 
but is bounded by 1. 13 

5.3.11.1 Signal Input to the NSR Estimation Function    14 
The input of )(~ ns  to the NSR calculation function is a segment of 160 samples that 15 
includes the second half of the coding frame and the lookahead buffer. 16 

5.3.11.2 NSR counters 17 

Three counters are used in the NSR estimation. noiseC  counts the number of consecutive 18 
frames where the initial frame classification is below 3 (not onset or voiced frames). vadC  19 
counts the number of consecutive frames where the VAD indicates inactive voice. NSRC  is a 20 
modulo 1000 frame counter, which helps in resetting the NSR estimate. 21 

5.3.11.3 NSR Calculation 22 
The energy of the current segment is calculated by: 23 

∑
−

=

=
1

0

2 )(~frmL

i

NSR isE
 (5.3.11.3-1) 

24 

If the current frame is zero in modulo 1000, the returned NSR is 0, and the average energy 25 
memory, NSR

pE  is set to NSRE . Otherwise, a spectral difference measure is calculated, as the 26 
sum of the absolute values of the current frame LSFs, )(1 ilsf , and the previous frame LSFs, 27 

)(,1 ilsf prv : 28 
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 (5.3.11.3-2) 
29 

An auto-regressive average of the spectral distance is calculated by  30 
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lsflsflsf DDD ⋅+⋅= 25.075.0
.   (5.3.11.3-3) 

1 

An energy difference measure is calculated between the current frame energy, NSRE , and 2 
the previous frame energy NSR

pE , by: 3 
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4 

An auto-regressive average of the energy difference distance is calculated by  5 

EEE DDD ⋅+⋅= 25.075.0
 (5.3.11.3-5) 

6 

An SNR measure is calculated as  7 

{ }1.0,max NSR
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,  (5.3.11.3-6) 
8 

and if the VAD indicates inactive voice, NSR
pE  is updated according to: 9 
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10 

The SNR , vadC , NSRC , lsfD , lsfD , ED , and ED , are compared to set of thresholds and a 11 
locally refined VAD decision is obtained. This locally refined VAD is also controlled by the 12 
average of the background noise energy noiseE  and the modulo counter NSRC . If the locally 13 
refined VAD decision indicates inactive speech, the average of the background noise is 14 
updated according to: 15 
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16 

( noiseE  can be negative due to initialization.) The NSR is calculated as: 17 
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18 

19 
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5.3.12 Classification Refinement 1 
Routine name:  CLA_Class_Correct 2 
Input: 3 

• Music detection flag, MUSF  4 

• Frame class decision (initial value), FRC , and previous frame class decision, prv
FRC  5 

• VAD decision (initial value), VAD  6 

• Voiced/unvoiced level (initial value), VUVC  7 

• Open-loop normalized pitch correlations, )(lRol
p , 2,1,0=l  8 

• Noise-to-signal ratio, NSR  9 

• Interpolated reflection coefficients, )(ˆ ikm , 4,3,2,1,0=m  10 

• Sharpness of weighted residual, wr
rpS , (Section 5.3.7) 11 

• SMV mode, SMVM  12 

• Energy of the lookahead buffer, given by )0(2R . 13 

• Energy of the weighted residual given by )1()0( rwrw EE + , (Section 5.3.7) 14 

• LPC gain on the last quarter of the encoding frame, LPCG1  15 

Output: 16 

• Frame class decision (refined), FRC  17 

• Auxiliary class decision (used mainly for signal modification), SMC  18 

• Onset flag, onsetF  19 

• LPC onset flag, onsetLPCF _  20 

• Noisy-voiced flag noisyVF  21 

• VAD decision (refined), VAD  22 

• Voiced/unvoiced level (refined), VUVC  23 

 24 

5.3.12.1 Operation of the Classification Refinement 25 
The class refinement uses previously calculated parameters, and saved values from 26 
previous frames, to refine the classification decision, the VAD decision, and the 27 
voiced/unvoiced level decision. It also sets three flags that are used later, onsetF , onsetLPCF _ , 28 
and noisyVF . onsetF  are used during the rate selection and the final classification correction, 29 
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onsetLPCF _  is used to control the LSFs smoothing, and noisyVF  is used to control the gain 1 
quantization, the perceptual weighting filter and the fixed-codebook search. The 2 
classification refinement procedure also sets SMC , an auxiliary classification decision, used 3 
to control several aspects of the encoding algorithm, and in particular, the weighted speech 4 
modification algorithm (Section 5.3.15). SMC  takes the values of 4,,1K− , where an 5 
increasing number indicates an increasing level of voicing. 6 
The decision parameters are compared to each other, and to a set of thresholds, for a 7 
sequential refinement of initial decision parameters and for the setting of new decision 8 
parameters and flags.  9 
 10 
 11 
 12 

13 
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5.3.13 Rate Selection 1 
Routine name:  CLA_Rate_Select 2 
Input: 3 

• Music detection flag, MUSF  4 

• SMV mode, SMVM  5 

• Frame class decision (refined), FRC , and previous frame class decision, prv
FRC  6 

• Open-loop normalized pitch correlations, )(lRol
p , 2,1,0=l  7 

• Noise-to-signal ratio, NSR  8 

• Sharpness of weighted residual, wr
rpS , (Section 5.3.7) 9 

• Energy of the weighted residual given by )1()0( rwrw EE + , (Section 5.3.7) 10 

• First element of third reflection coefficient vector, )0(ˆ
2k  11 

• Onset flag, onsetF  12 

Output: 13 
• SMV rate, Rate  14 

 15 

5.3.13.1 Rate-Selection Algorithm 16 
For each frame, the rate selection algorithm selects one of the 4 possible rates, Rate 1, Rate 17 
1/2, Rate 1/4, or Rate 1/8. The selection of the rate is controlled by the SMV operating 18 
mode, which can be Mode 0 (Premium), Mode 1 (Standard), Mode 2 (Economy), or Mode 3 19 
(Max-Capacity). The rate selection algorithm uses previously computed parameters and a 20 
set of fixed and adaptive thresholds for initial selection of the rate for each frame. The 21 
initial rate selection is later refined (Section 5.3.16). 22 
The rate-selection algorithm sets the rate to Rate 1 if the music flag indicates a music 23 
signal. Otherwise, the algorithm selects the coding rate for the frame according to a set of 24 
fixed thresholds and conditions, where the set of thresholds and conditions depends on the 25 
dictated mode of operation for the SMV.  26 

An initial selection of Rate 1 can be forced to Rate 1/2 by the half-rate max flag, HRMF . 27 
28 
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5.3.14 Open-Loop Pitch Quantization, Pitch Adjustment and 1 
Interpolation 2 

If the auxiliary classification decision 0>SMC , the open loop )1(ol
pl  has to be quantized, 3 

adjusted and interpolated before the modified weighted speech can be generated as 4 
described in the next section. Before the quantization begins, if 120)1( >ol

pl  and the Rate is 5 
not 1, SMC  will be set to zero and the frame will be classified into a type-0 frame and 6 
hence, be excluded from this quantization process. The quantization of )1(ol

pl  is performed 7 
by searching through a pitch codebook of size 256 for Rate 1 and and of size 128 for other 8 
rates.  To avoid an exhaustive search, the search range is limited to [ ]high

p
low
p ll ,  where 9 
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11 

Since the pitch table is not necessarily expressed in integer values, the search requires to 12 
upsample the normalized pitch correlation in a bandlimited fashion.  As a result, the 13 
quantized pitch is chosen to be the codeword that maximizes the upsampled correlations.  14 
Based on this pitch, a pitch contour is constructed and will be used by the signal 15 
modification algorithm (Section 5.3.15).  The modification algorithm attempts to modify the 16 
speech signal to match this pitch contour.  If the matching is successful, the frame is 17 
classified into type 1, and type 0 otherwise.  For type-1 frames, the quantized pitch value 18 
obtained by this procedure is not further modified. 19 
 

20 

5.3.14.1 Open-Loop Pitch Refinement and Quantization 21 
Routine name:  PIT_FinePitch 22 
Input: 23 

• SMV rate, Rate  24 

• Pitch search range, [ ]high
p

low
p ll ,,K  25 

• Weighted speech, )(nsw  26 

• Signal modification accumulated delay, SM∆  27 

Output: 28 

• Quantized open-loop pitch lag at the end of the encoding frame, q
ppl   29 

• Integer part of the quantized open-loop pitch lag at the end of the encoding frame, 30 
q

INTppl ,  31 

 32 
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The pitch refinement search starts with calculating the normalized pitch correlation on the 1 
weighted speech according to  2 
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3 

and the optimal integer lag *
pl is found by  4 
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 (5.3.14.1-2) 

5 

Note that the 6±  samples are needed for the upsampling of )(⋅pR  during the fractional 6 

search in the next step.  After obtaining the optimal integer lag *
pl , the fractional search 7 

begins.  The search interval is ]1,,1[ ** +− pp ll K  and )(⋅pR  is upsampled at all possible 8 
fractional pitch values within that interval. The upsampling is bandlimited and uses a 9 
series of pre-stored Sinc tables. The lag that maximizes the interpolated normalized 10 
correlation is chosen. The corresponding codebook index is denoted by pI . 11 

Next, the quantized pitch lag is adjusted to reduce the risk of reaching the delay limits of 12 
the signal modification algorithm, since the allowed level for the accumulated delay is 13 

20≤SM∆ . The adjustment is carried out by modifying the index of the pitch quantization, 14 

pI , according to: 15 
















−<−
>+
−<−
−<−

>+
>+

=

10 andRate1
10 andRate1
15 and1Rate2
10 and1Rate1

15 and1Rate2
10 and1Rate1

2
1

2
1

SMp

SMp

SMp

SMp

SMp

SMp

p

I
I
I
I
I
I

I

∆
∆

∆
∆
∆
∆

 (5.3.14.1-3) 
16 

After the modification, attention is paid to ensure the modified pI is still a valid codebook 17 

index (i.e., pI cannot be negative or exceed the codebook size). The final pitch value, q
ppl  is 18 

obtained from the quantization table using the modified index. The q
INTppl ,  is simply the 19 

rounded version of q
ppl . 20 

 21 

5.3.14.2 Pitch Interpolation 22 

If 0>SMC , pitch interpolation path, )(nPit , is constructed, using the open-loop quantized 23 
pitch lags from previous two frames, denoted by )1( −frml q

pp  and )2( −frml q
pp  for the 24 
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previous frame and the one before, respectively. If the previous rate is Rate 1/4 or Rate 1 
1/8, these lags are set to q

pp
q
pp

q
pp lfrmlfrml =−=− )2()1( . Otherwise, if the previous frame 2 

was of type 0, )2()1( −=− frmlfrml q
pp

q
pp , and both are set to the closed-loop pitch lag of 3 

the last subframe of the calculated in Sections 5.6.6 and 5.6.7. 4 
 5 
Routine name:  PIT_PitchInterpolat 6 
Input: 7 

• Quantized open-loop pitch lag at the end of the encoding frame, q
ppl  8 

• Open-loop pitch lags from previous two frames, )1( −frml q
pp  and )2( −frml q

pp  9 

Output: 10 

• Quantized Interpolated pitch contour, )(nPit  11 

 12 
Before the pitch is interpolated, a mean pitch value is first obtained by: 13 

( )q
pp

q
pp

q
pp lfrmll +−⋅= )2(5.0

 (5.3.14.2-1) 
14 

The relationships between )1( −frml q
pp , q

ppl , and q
ppl  are tested, and if these values are 15 

close to each other, the pitch contour is set according to: 16 

( )









−+=

−=
−⋅−+⋅

=
1,,

1,,0
)1(

)(

lkhafrmfrm
q
pp

frm
frm

q
ppfrm

q
pp

LLLnl

Ln
L

lnLln
nPit

K

K

(5.3.14.2-2) 
17 

Otherwise, the pitch contour is not interpolated and is set to: 18 

1,,0)( −+== lkhdfrm
q
pp LLnlnPit K

 (5.3.14.2-3) 
19 
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5.3.15 Generating Modified Weighted Speech Signal  1 

Generate a modified weighted speech signal, )(nsmw , by warping the current weighted 2 
speech signal, )(nsw , to match the pitch contour, )(nPit , for the current frame. 3 

 4 
Input: The inputs to the weighted speech modification routine are: 5 

• SMVM : selected SMV mode 6 

• Rate : fixed codec bit rate 7 

• flatF : spectral flatness flag 8 

• NSR : background noise to the signal ratio  9 

• )(nsw : current input weighted speech signal 10 

• )(nPit : pitch track for the current frame  11 

• SMC : signal modification class 12 

 13 
Output: The outputs from the weighted speech modification routine are: 14 

• )(nsmw : modified weighted speech signal 15 

• SM∆  : signal modification accumulated delay 16 

• FRC : frame class 6 determination that defines Type 1 17 

• VUVC : voiced/unvoiced level (updated)  18 

• )(mga  : pitch gain (adaptive-codebook gain) for each subframe (indexed by m ) 19 
of stationary-voiced frame (class 6) 20 

 21 

5.3.15.1 Frame based processing for 0≤SMC  22 

For these two classes of SMC , ( )0≤SMC , the accumulated delay will be set to zero or kept 23 
unchanged.  24 
 25 

5.3.15.1.1 Region of Mapping of Weighted Speech to Modified Weighted Speech 26 

If 1−=SMC  reset the accumulated delay: 27 

0=∆SM
 (5.3.15.1-1) 

28 

Calculate the starting time point 0T  and the ending time point 1T  of the weighted speech 29 
signal to be mapped to the current frame of the modified speech signal: 30 
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SMfrmlkhdolpit LLLT ∆+−−=0   (5.3.15.1-2) 
1 

frmLTT += 01  (5.3.15.1-3) 
2 

 
3 

5.3.15.1.2 Weighted Speech Mapping to Modified Weighted Speech for One Frame 4 

Since the delay in the region [ ]10 ,TT  is 0 or constant, only one Sinc  table based on the 5 

fractional value of the delay SM∆  is needed to do the signal mapping: 6 

( ) ( ) 1,,0,)(),()( 0

10

10
1 −=++⋅∆= ∑

−=
frmwSM

i
smw LnTIinsifwns K

 (5.3.15.1-4) 
7 

where )(of  takes the fractional part, )(oI  takes the integer part, and ),( ifws is the 8 
Hamming weighted Sinc  window. 9 

 10 

5.3.15.1.3 Update of Modified Weighted Speech Buffer  11 

Shift the old buffer: 12 

frmbuffmwfrmbuffmwbuffmw LLnLnsns −<≤+⇐ ___ 0,)()(
 (5.3.15.1-5) 

13 

where 1,,0),( __ −= buffmwbuffmw Lnns K  is the buffer vector of the modified weighted speech 14 
signal.  Then, add the current modified weighted speech signal to the buffer: 15 

frmmwfrmbuffmwbuffmw LnnsLLns <≤=−+ 0,)()( __  (5.3.15.1-6) 
16 

 17 

5.3.15.2 Variable Subframe Processing 0>SMC  18 

For 0>SMC  the analysis and the modification of the weighted voiced speech is conducted 19 
on a variable subframe basis. The subframe size, SFL , is related to pitch lag value and the 20 
location of the subframe within a frame. For each subframe, a local delay, LD , at the end of 21 
the subframe is estimated in a fast way by maximizing the correlation between a current 22 
subframe and a modified target signal. A continuous time warping of the signal as opposed 23 
to simple shifting is then performed with a variable local delay from 0 to the estimated local 24 
delay LD . The absolute value of the accumulated delay is limited a maximum 20 samples 25 
(2.5 ms). As a portion of the results, the estimated open-loop pitch gains and the 26 
normalized pitch correlation values will be provided.  27 
 28 
Initialize parameters: 29 

• Set the starting point of the first subframe within a frame to zero, 00 =i  30 

• Set the pitch gain vector to zero, 3,2,1,0,0)( == llga  31 
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• Set the pitch correlation vector to zero, 3,2,1,0,0)( == llRSM  1 

• Set the average pitch correlation value to zero, 0_ =avgSMR  2 

• Set the minimum pitch correlation value to 1.0, 0.1min_ =SMR  3 

 4 

5.3.15.2.1 Determining Parameters 5 

Before searching for a local delay for each subframe, some parameters need to be 6 
estimated. 7 
Calculate the pulse length (pulse width): 8 

{ }{ }30,5),(2.0maxmin 0iPitLpuls ⋅=
 (5.3.15.2-1) 

9 

Calculate the starting time, 0T , of the current subframe on the current weighted speech 10 
signal, ws : 11 

SMfrmlkhdolpit iLLLT ∆++−−= 00  (5.3.15.2-2) 
12 

where SM∆  is the accumulated delay for the last subframe. 13 

Define the pulse peak location searching range [ ]20 ,TT  for the current subframe, where the 14 
end time point, 2T , is calculated as: 15 

{ }12,)(min 002 −+= olpitLiPitTT
 (5.3.15.2-3) 

16 

The pulse peak location, peakT , is evaluated by maximizing the peak energy as a function of 17 
the location n : 18 

,,)()( 20

2

2

2 TnTknsnE
k

wpeak ≤≤+= ∑
−=

 (5.3.15.2-4) 
19 

That is, 20 

{ }20 ,,:)(max)( TTnnETE peakpeakpeak K==
 (5.3.15.2-5) 

21 

From 0Tn =  to 2Tn =  the average peak energy is estimated as: 22 

)()( 00 TETE peakavg =
 (5.3.15.2-6) 

23 

 
20 ,,1;)(125.0)1(875.0)(

)1(4)( if

TTnnEnEnE

nEnE

peakavgavg

avgpeak

K+=⋅+−⋅=

−⋅<
 (5.3.15.2-7) 

24 

After obtaining the maximum peak energy and the average peak energy, an average energy 25 
to peak energy ratio is calculated by 26 

)(
)( 2

peakpeak

avg

TE
TE

APR =
 (5.3.15.2-8) 

27 

For the first subframe, some protection for evaluating the peak location is set by 28 
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 and0  if

0

00

pulspeak

pulspeak

LTT

LTTi

+=

+<=
 (5.3.15.2-9) 

1 

Based on the parameters obtained above, the current subframe size, subL , and the 2 
extended subframe size, subexL _ , are calculated by 3 

{ }00 ,min iLLTTL frmpulspeaksub −+−=
 (5.3.15.2-10) 

4 

pulspeaksubex LTTL ⋅+−= 20_  (5.3.15.2-11) 
5 

If  SMlkhdolpitpeak LLiPitT ∆+−>⋅+ )(25.1 0 , the next possible peak location is evaluated in 6 
order to judge whether the current subframe must include the remaining samples up to the 7 
end of the current frame. The next peak is estimated by using the same approach as 8 
described above with a new searching range of [ ]20 ,TT : 9 

)(5.0 00 iPitTT peak ⋅+=
 (5.3.15.2-12) 

10 

{ }12,)(min 002 −+= olpitLiPitTT
 (5.3.15.2-13) 

11 

If the newly found peak location is beyond the end of the current frame, 12 

SMlkhdoppitpeak LLT ∆+−>'

 (5.3.15.2-14) 
13 

The current subframe size and the extended subframe size are modified according to: 14 

0iLL frmsub −=
 (5.3.15.2-15) 

15 

{ }puls
'
peaksubsubex LTT,LL ⋅+−= 2max 0_  (5.3.15.2-16) 

16 

{ }{ }{ }max_ex_subSMlkhdfrmex_subex_sub L,,∆LiL,LL 015maxminmin 0 −−+−⇐
 

17 

 (5.3.15.2-17) 
18 

Each of the extended subframe sizes is always limited to 180_max_ =subexL . 19 

Each of the defined subframes is split into two regions where the continuous time warping 20 
will be applied on the first region and the time shifting will be performed on the second 21 
region. The length of the first region is defined as 22 















 −−= 2,max,min 0

puls
pulspeaksubcenter

LLTTLL
 (5.3.15.2-18) 

23 

 
24 

5.3.15.2.2 Target Signal Determination for Current Local Delay Search 25 

The target signal for the current local delay searching is determined according to the buffer 26 
of the modified weighted speech signal and the current pitch track function. 27 
Create the current pitch track function: 28 

1,,0)()( 0 −=+= tmpLnniPitnPitF K
 (5.3.15.2-19) 

29 
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1,,)1()( _ −=−= subextmptmp LLnLPitFnPitF K
 (5.3.15.2-20) 

1 

where tmpL  is a temporal parameter: 2 







 +−= 2,min 0_

frm
frmsubextmp

LiLLL
 (5.3.15.2-21) 

3 

Calculate the target signal and memorize it in a temporal buffer extended from the past 4 
modified weighted speech signal: 5 

( ) ( )( ) ( )( )
1,0

)(,)( __

10

10
__

−=

+−+⋅=+ ∑
−=

ex_sub

buffmwbuffmw
i

sbuffmwbuffmw

L,n

inPitFInLsinPitFfwnLs

K
 

6 

 (5.3.15.2-22) 
7 

In order to simplify later computation, copy the target signal into a target signal vector: 8 

( ) 1,,0)( ____ −=+= subexbuffmwbuffmwSMG LnnLsnT K
 (5.3.15.2-23) 

9 

 
10 

5.3.15.2.3 Searching Range Determination for Local Delay 11 

The local delay search range is limited by the positive boundary 1SR  and the negative 12 
boundary 0SR . Two APR  values that could influence the searching range are calculated 13 
first in the same way as described from by Equation (5.3.15.2-4) to (5.3.15.2-8). 1APR  is 14 
based on the weighted speech in the region [ ]20 ,TT  where 15 

)(5.0 00 iPitTT peak ⋅−=
 (5.3.15.2-24) 

16 

{ }12,)(min 002 −+= olpitLiPitTT
 (5.3.15.2-25) 

17 

2APR   is measured on the target signal )(_ nT SMG  with  33 _ −≤≤ subexLn . The searching 18 
range will be initialized first and then some modification on it could be performed. 19 
Initialize the boundaries: 20 

{ }{ }( )1,5,5.0075.0minmax1 +⋅= centerLISR
 (5.3.15.2-26) 

21 

10 SRSR =
 (5.3.15.2-27) 

22 

Let 4=tmpL if 3≥SMC  and 3=tmpL  otherwise. Check the influence from the two APR  23 
values by: 24 
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{ }
{ }

{ }
{ }4,max
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 (5.3.15.2-28) 
1 

{ }
{ }

{ }
{ }1,max

1,min
 if else
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 if
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 (5.3.15.2-29) 
2 

Further consider the influence of the subframe size. If 20_ −−< TTL peaksubex  or 3 
25)( 0 <iPit  or 0TTT pulspeak +≤ : 4 

{ }
{ }

{ }
{ }2,max

2,min
 else

1,max
1,min

 if

00

11

00

11

4
1

2

−=
=

−=
=
>

SRSR
SRSR

SRSR
SRSR

APR

 (5.3.15.2-30) 
5 

Further consider the influence from the accumulated delay: 6 

{ }

{ }

{ }0,min
15 if

2,min
10 if

4,min
5 if

11

11

11

SRSR

SRSR
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>

∆

∆

∆

 (5.3.15.2-31) 
7 

 
8 

{ }

{ }

0
15 if

2,max
10 if

4,max
5 if

0

00

00

=
−<

−=
−<

−=
−<
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SRSR

SRSR
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SM

SM

∆

∆

∆

 (5.3.15.2-32) 
9 
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1 

5.3.15.2.4 Local Delay Search 2 

This section will be divided into (1) modification of the target signal, (2) searching for an 3 
integer part of the local delay, (3) searching for a fractional part of the local delay, and (4) 4 
generating a warped weighted-speech signal. 5 

5.3.15.2.4.1 Modification of Target Signal 6 

The target signal is modified in time domain before maximizing the correlation between the 7 
target signal and the current extended subframe by applying a weighting window: 8 

centerSMG
center

MSMG

SMG
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LnnT
L

nnT

nT
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nnT
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<≤⋅







+=

⋅







+=

≥

0;)(5.05.0)(

else

)(75.025.0)(

3  if

___

___

 (5.3.15.2-33) 
9 

1;)()( ____ −<≤= subexcenterSMGMSMG LnLnTnT
 

10 

where MSMGT __  is the modified target signal.  11 

5.3.15.2.4.2 Integer Local Delay Search 12 

In order to calculate the correlation values between the target signal and the current signal 13 
with different integer local delays, a signal keeping the latest accumulated delay with zero 14 
local delay is calculated first by mapping the weighted speech signal from the region 15 
[ ]10 ,TTTT  to a signal vector 1,,0),( 01_ −−= TTTTnns shiftw K   16 

( ) ( ) 1,,0;,)(),()( 010

10

10
0_ −−=++⋅= ∑

−=

TTTTniTTInsiTTfwns w
i

sshiftw K
 (5.3.15.2-34) 

17 

where  18 

5000 −+= SRTTT
 (5.3.15.2-35) 

19 

15 _101 ++++= subexLSRTTT
 (5.3.15.2-36) 

20 

Then, the correlation value, ( )( )50__ −− SRkR shiftSMP , on the integer local delay of 21 
55 10 +≤≤− SRkSR , is calculated by 22 

_

_ _

1

_ _ _ 0
0

_ _ 0 1 1
2 2

_ _ _ 0
0 0

( ) ( ( 5))
( ( 5))

( ) ( ( 5))
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ex sub ex sub

L
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n n

T n s n k SR
R k SR

T n s n k SR

−

=

− −

= =

+ − −
− − =

+ − −

∑

∑ ∑
 (5.3.15.2-37) 

23 

The optimal integer local delay, optk , and the corresponding correlation value are obtained 24 
by maximizing the above correlation with a minimum value condition: 25 
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( ) ( ){ }

( ) ( ){ }00__0__

00__0__

,4.0)50(max)5(
else

,3.0)50(max)5(
3 if

SRkSRSRkRSRkR

SRkSRSRkRSRkR
C

shiftSMPoptshiftSMP

shiftSMPoptshiftSMP

SM

≤≤>−−=−−

≤≤>−−=−−
≥

1 

 (5.3.15.2-38) 
2 

5.3.15.2.4.3 Fractional Local Delay Determination 3 

All the possible fractional local delays are generated and memorized in a table, )(iTab , 4 

15,,01.075.0)( K=⋅+−= iikiTab opt  
5 

To find a best fractional delay, the correlation with integer delays is up-sampled for each 6 
fractional delay candidate: 7 

( ) ( )( ) ( )( )∑
−=

−−+⋅=
4

4
0____ )5()(,)()(

j
shiftSMPsFSMP SRjiTabIRjiTabfwiTabR

 
8 

 (5.3.15.2-39) 
9 

The best fractional local delay, LD , and the corresponding correlation value, optSMPR __ ,  10 
will be found by maximizing the up-sampled correlation: 11 

}15,....,1,0)),(({max
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iiTabR
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LFSMPoptSMP

 (5.3.15.2-40) 
12 

5.3.15.2.4.4 Warping Current Weighted Speech With Determined Delay 13 

After finding the local delay, the current subframe is warped from the original weighted 14 
speech signal to a temporal modified weighted speech signal vector: 15 
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i

centerLsmw

LLn

iDTInsiDTfwns
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iLnDTInsiLnDTfwns

K

 (5.3.15.2-41) 
16 

 
17 

5.3.15.2.5 Further Modification of Weighted Speech for Half_Rate_Max  18 

If the maximum rate is limited to the Rate 1/2, further signal modification could be 19 
performed on some specific transition areas by smoothing the signal with waveform 20 
interpolation. 21 
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5.3.15.2.5.1 Generating a Backward Waveform Vector 1 

Calculate two conditions for the possible further signal modification: 2 

{ }17,)(9.0maxand25)(and7.025.0 00__1 iPitLiPitRCond suboptSMP ⋅>><<=
 

3 

 (5.3.15.2-42) 
4 

( ) olpitsubexSM LLiPitTICond >++++= 17)( _002 ∆
 (5.3.15.2-43) 

5 

If both conditions are met, calculate a following reference signal for estimating a backward 6 
waveform: 7 

1,,,)()(

1,,0,)()/5.05.0(8.0)(

_
''

__

''
__

−==

−=+=

subexcentermwMSMG

centermwcenterMSMG

LLnnsnT

LnnsLnnT

K

K

 
8 

  
9 

(5.3.15.2-44) 
10 

Then, the current backward waveform will be generated by taking a future signal vector in 11 
the interval [ ]subexshiftshift LDTTDTT _00 , +++  of the weighted speech signal ws , where 12 

)( 000 iPitTTT SM ++= ∆
 (5.3.15.2-45) 

13 

The shifting parameter, 33 ≤≤− shiftD , is optimized by maximizing the correlation between 14 
the future signal vector and the reference signal defined in Equation (5.3.15.2-44). The 15 
same searching procedure as described from the Sections 5.3.15.2.4.2 to 5.3.15.2.4.4 is 16 
used to obtain shiftD  and the corresponding correlation value shiftPR _  by setting 30 −=SR , 17 

31 =SR , and replacing MSMGT __ with the reference signal '
__ MSMGT  defined by Equation 18 

(5.3.15.2-44). 19 
The future signal vector in the above determined area will be mapped to the backward 20 
waveform vector, bkwdws _ , if the following condition is satisfied: 21 

( ) 4.0or25.0and4 __3 >>≥= shiftPshiftPSM RRCCond
 (5.3.15.2-46) 

22 

If 3Cond  is met, 23 

( )( ) ( )( )
1,,0

),)(

_

0

10

10
0_

−=

+++⋅+= ∑
−=

subex

shiftw
i

shiftsbkwdw

Ln

iDTTInsiDTTfwns

K
 (5.3.15.2-47) 

24 

5.3.15.2.5.2 Generating a Candidate Vector by Waveform Interpolation 25 

If 1Cond  and 3Cond  are met, or 4.0__ >optSMPR , the following waveform interpolation will 26 
be performed to generate a candidate vector to possibly replace the modified weighted 27 
speech signal for the current variable subframe.  28 
Generate a temporal vector: 29 
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1,,0,)()(
else
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K

 (5.3.15.2-48) 
1 

where the target signal SMGT _  acts as the forward waveform. The energy of the vector is 2 
normalized by a gain factor tmpG : 3 
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 (5.3.15.2-49) 
4 

subextmpWIWI LnGnsns _,,0,)()( K=⋅⇐
 (5.3.15.2-50) 

5 

Set a length of an interpolation region: 6 

3/
else

2/
3if

subtmp

subtmp

SM

LL

LL
C

=

=
≥

 (5.3.15.2-51) 
7 

Perform the interpolation at the beginning of the subframe: 8 

1,......,1,0,/))()()(()( ' −=⋅−+⋅⇐ tmptmpmwtmpWIWI LnLnsnLnsnns
(5.3.15.2-52) 

9 

Perform the interpolation at the end of the subframe: 10 

tmptmpsubmwtmpsubWIsubWI LnLnLsnLnLsnnLs ,....,2,1,/))()()(()( ' =−⋅−+−⋅⇐−
 

11 

 (5.3.15.2-53) 
12 

1,.....,,)()( _
' −== subexsubmwWI LLnnsns

 (5.3.15.2-54) 
13 

5.3.15.2.5.3 Making a Decision to Use Interpolated Modified Weighted Speech  14 

If 1Cond  and 3Cond  are met, or 4.0__ >optSMPR  calculate the normalized correlation 15 
between the original modified target signal and the interpolated one: 16 
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 (5.3.15.2-55) 
17 

The decision is made by: 18 
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 (5.3.15.2-56) 
1 

 
2 

5.3.15.2.6 Final Determination of Current Local Delay and Accumulated Delay 3 

Correct the local delay: 4 

centersubLL

subcenter

LLDD
LLIf

/
)(
⋅⇐

>
 (5.3.15.2-57) 

5 

If the accumulated delay is larger than the maximum limit, the local delay will be set to 6 
zero and the accumulated delay will be kept the same: 7 

LSMSM
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 (5.3.15.2-58) 
9 

 
10 

5.3.15.2.7 Updating Modified Weighted Speech Buffer  11 

Shift the old buffer: 12 

,0,)()( ___ subbuffmwsubbuffmwbuffmw LLnLnsns −<≤+⇐
 (5.3.15.2-59) 

13 

where 1,,0 _)(_ −= buffmwnbuffmv Lns K ,  is the buffer vector of the modified weighted speech.  14 
Then, add the current modified weighted speech signal to the buffer: 15 

submwsubbuffmwbuffmw LnnsLLns <≤=−+ 0,)()( '
__  (5.3.15.2-60) 

16 

 
17 

5.3.15.2.8 Pitch Pre-Enhancement and Periodicity Detection 18 

The pitch periodicity of the modified original signal is pre-enhanced according to different 19 
conditions. The pitch gain and the normalized pitch correlation are also estimated. 20 
Calculate the normalized correlation between the current modified weighted speech signal 21 
and the signal modification target: 22 
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 (5.3.15.2-61) 
1 

Calculate the open-loop pitch gain: 2 
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 (5.3.15.2-62) 
3 

If 5.0_ >SMPR  the pitch pre-enhancement will be applied and the energy will be 4 
normalized. The energy of the modified signal is saved first before adding the pre-5 
enhancement: 6 
 7 
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subexL
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 (5.3.15.2-63) 
8 

Apply the pre-enhancement: 9 

1,,0,)()()( __
'' −=⋅+⇐ subexSMGtmpmwmw LnnTCnsns K

 (5.3.15.2-64) 
10 

where the enhancement coefficient tmpC is 11 
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 (5.3.15.2-65) 
12 

Calculate the energy normalization gain: 13 
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 (5.3.15.2-66) 
14 

Apply the energy gain normalization: 15 

1,........,2,1,0,)()( _
'' −=⋅⇐ subexmwtmpmw LnnsGns

 (5.3.15.2-67) 
16 

Then, copy the temporal modified signal to the modified signal vector: 17 

1,,0,)()( '
0 −==+ submwmw Lnnsnis K

 (5.3.15.2-68) 
18 

After obtaining the above information, the temporal class information VUVC  could be 19 
corrected under some conditions: 20 
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 (5.3.15.2-69) 
1 

Before finishing the subframe based processing for the current variable subframe, some 2 
temporal pre-parameters are calculated and memorized as described below. These 3 
parameters obtained from the current variable subframe will be later converted for the fixed 4 
subframe. 5 
Update the minimum pitch correlation: 6 

SM_Pmin_SM

min_SMSM_P

RR

),RR(if

=

<
 (5.3.15.2-70) 

7 

Pre-calculate the average pitch correlation: 8 

subSM_Pavg_SMavg_SM LRRR ⋅+⇐
 (5.3.15.2-71) 

9 

Pre-calculate the pitch gain and the pitch correlation for each fixed subframe: 10 
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 (5.3.15.2-72) 
11 

Finally, the starting point for the next variable subframe is updated: 12 

subLii +⇐ 00  (5.3.15.2-73) 
13 

5.3.15.3 Detecting Stationary Voiced Speech and Calculating Open-Loop Pitch 14 
Gain for each Fixed Subframe 15 

This section describes the detection of stationary voiced speech frame (type-1 frame) and 16 
the calculation of pitch gain for each fixed subframe. The algorithm for Rate 1 is slightly 17 
different from that for Rate 1/2. The type-1 frame detection will be helped by the average 18 
pitch correlation, which is finalized by: 19 

frmavgSMavgSM LRR /__ ⇐
   (5.3.15.3-1) 

20 

 
21 

5.3.15.3.1 Detecting Stationary Voiced Speech and Calculating Open-Loop Pitch Gains for 22 
Rate 1 23 

Calculate the pitch gain and the pitch correlation for each fixed subframe: 24 
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 (5.3.15.3-2) 
1 

Modify pitch gain for each subframe: 2 
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 (5.3.15.3-3) 
3 

Detect stationary voiced speech: 4 

4
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CandRandRif
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>>>

 (5.3.15.3-4) 
5 

Calculate: 6 
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 (5.3.15.3-5) 

7 

5.0)3( and  5.0)2( and  5.0)1( and  5.0)0( a2 >>>>= aaa ggggC
 (5.3.15.3-6) 

8 

75.0)3(  and  75.0)2(  and  75.0)1(  and  75.0)0(3 >>>>= SMSMSMSM RRRRC
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 (5.3.15.3-7) 
10 
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 (5.3.15.3-8) 
11 

Update last pitch correlation: 12 

)3(_ SMlastSM RR =
 (5.3.15.3-9) 

13 

5.3.15.3.2 Detecting Stationary Voiced Speech and Calculating Open-Loop Pitch Gains for 14 
Rate 1/2  15 

Calculate the pitch gain and the pitch correlation for each fixed subframe: 16 

2,1,0,53/)()(
2,1,0,53/)()(
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iigig
iiRiR

aa

SMSM

 (5.3.15.3-10) 
17 

Modify pitch gain for each subframe: 18 

( ){ }{ }
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i

iRigig SMaa

 (5.3.15.3-11) 
19 

Detect stationary voiced speech: 20 
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 (5.3.15.3-12) 
1 

Calculate: 2 

25.0)2(and25.0)1(and25.0)0( ___1 <−<−<−= avgPaavgPaavgPa GgGgGgC
 

3 

 (5.3.15.3-13) 
4 

4.0)2( and  4.0)1(  and  4.0)0(2 >>>= PPP GGGC
 (5.3.15.3-14) 

5 

( )
6

4.0  and    and If min_21
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>

FR

SM

C
RCC

 (5.3.15.3-15) 
6 

Update last pitch correlation: 7 

)2(_ SMlastSM RR =
 (5.3.15.3-16) 

8 

 9 
10 
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5.3.16 Final Frame Class and Type Decisions, Rate Selection, and Pitch 1 
Lag Refinement   2 

5.3.16.1 Final Classification, Type and Rate Selection 3 
The final decision on the frame class, the frame type, and the rate, is made according to the 4 
final values of several parameters, Rate , prvRate , FRC , prv

FRC , VUVC , )0(ol
pl , )1(ol

pl , q
ppl , 5 

)1( −frml q
pp , SMVM , MUSF , HRMF . The parameters are compared to each other and to a set 6 

of fixed thresholds to obtain the final frame class, the final frame type, and the final coding 7 
rate for the frame. 8 
The following frame rate/type transitions shall be disallowed at the SMV encoder 9 
a) Rate 1 type-1 frame following a Rate 1/8 frame 10 
b) Rate 1/2 type-1 frame following a Rate 1/8 frame 11 
c) Rate 1 type-1 frame following a Rate 1/4 frame 12 
d) Rate 1/2 type-1 frame following a Rate 1/4 frame 13 
e) Rate 1/8 frame following a Rate 1 type-1 frame 14 
f) Rate 1/8 frame following a Rate 1/2 type-1 frame 15 
g) Rate 1/4 frame following a Rate 1 type-1 frame 16 
h) Rate 1/4 frame following a Rate 1/2 type-1 frame 17 
Transitions a, b, c, and d are disallowed by the rate-selection procedure described in 18 
Section 5.3.13. The transitions e, f, g, and h are disallowed here by using a Rate 1/2 type-0 19 
frame in place of the first Rate 1/8 or Rate 1/4 frame that immediately follows a type-1 20 
frame. 21 
If the current frame is of type 1, and the previous frame is of type 1, and the pitch lag of the 22 
current frame is different from that of the previous frame by more than 15, the current 23 
frame shall be modified to a Rate 1, type-0 frame. 24 
Table 5.3-8 and Table 5.3-9 show the different rates that are used to encode the different 25 
speech classes, FMC , for the different encoding modes of SMV. The optimal rate selection 26 
for each of these classes is based on the various speech parameters described above. 27 
 28 
 29 

FMC  
Rate 1/8 Rate 1/4 Rate 1/2 Rate 1 

silence ( 0=FMC ) √  √  

noise-like ( 1=FMC )   √ √ 

unvoiced ( 2=FMC )   √ √ 

onset ( 3=FMC )    √ 

non-stat. voiced ( 5=FMC )    √ 

stat. voiced ( 6=FMC )    √ 

 30 

Table 5.3-8: SMV Class-Rate Map (Mode 0) 31 
 32 
 33 
 34 
 35 
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 1 
 2 
 3 
 4 
 5 
 6 

FMC  
Rate 1/8 Rate 1/4 Rate 1/2 Rate 1 

silence ( 0=FMC ) √    
noise-like ( 1=FMC )  √ √  
unvoiced ( 2=FMC )  √ √  
onset ( 3=FMC )  √ √ √ 
non-stat. voiced ( 5=FMC )   √ √ 
stat. voiced ( 6=FMC )   √ √ 

 7 

Table 5.3-9: SMV Class-Rate Map (Modes 1, 2 and 3) 8 

 9 
 10 

5.3.16.2 Pitch Lags Refinement 11 
The open-loop pitch lags are modified if the rate is changed from Rate 1 to Rate 1/2 by the 12 

HRMF  signal, and if 0>SMC , according to: 13 
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15 

The subframe lags to be used as initial search points for the closed-loop pitch search for 16 
Rate 1 are set according to: 17 

)0()1()0( ol
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p lll ==
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 (5.3.16-3) 
18 

For all other rates the subframe lags to be used as initial search points for the closed-loop 19 
pitch search are set according to: 20 

)0()0( ol
p

SF
p ll =

, 
)1()1( ol

p
SF
p ll =

. (5.3.16-4) 
21 

If 0>SMC , the last subframe lag to be used as an initial search point is further modified to 22 
the integer part of the quantized open-loop pitch at the end of the encoding frame. For Rate 23 
1 q

INTpp
SF
p ll ,)3( = , while for all other rates q

INTpp
SF
p ll ,)1( = . 24 

 25 
26 
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5.3.17 Adaptive-codebook Gain De-emphasis for Type-1 Frame (Rate 1 1 
and Rate 1/2) 2 

The adaptive-codebook gain vector )(mg a  for type-1 frame will be slightly attenuated from 3 
their calculated values. The gains for the 4 subframes of Rate 1 or the 3 subframes of Rate 4 
1/2 is modified by the following steps: 5 

 If noisyVF  is 1  6 

]4[,3,2,1)(95.0)( =⋅= mmgmg aa  (5.3.17-1) 
7 

else if noisyVF  is 2 8 

]4[,3,2,1)(92.0)( =⋅= mmgmg aa  (5.3.17-2) 
9 

Furthermore, if flatF  is 1  10 

]4[,3,2,1)()( =⋅= mmgmg aa α
 (5.3.17-3) 

11 

where α  is 0.95 if SMVM is 0, otherwise, it is 0.97. 12 

 13 
14 
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5.3.18 Adaptive-codebook Gain Quantization for Type-1 Frame (Rate 1 1 
and Rate 1/2) 2 

 3 
Routine name:  GEQ_Quant_PitchGain 4 
 5 
Input: 6 

• Unquantized adaptive-codebook gain vector, ]4[,3,2,1),( =mmg a  7 

• Quantization table for the selected rate, ]4[,3,2,1),,( =mmiG Rate
a  8 

 9 
Output: 10 

• Quantized adaptive-codebook gain vector, ]4[,3,2,1),( =mmg a  11 

 12 

The adaptive-codebook gain vector )(mg a  for Type-1 frame is quantized to 6 and 4 bits for 13 
Rate 1 and Rate 1/2, respectively. The best vector for )(mga  is found as the vector that 14 
satisfies: 15 

( )
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aa
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miGmg
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1,,0
),()(minarg

K  (5.3.18-1) 
16 

For Rate 1 41 =M  and 641 =N , and for Rate 1/2 32 =M  and 162 =N . 17 

The quantization of the adaptive-codebook gains for type-1 frames is performed on a frame 18 
basis prior to any subframe processing.  19 
 20 

21 
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5.3.19 Generating Modified Speech from Modified Weighted Speech  1 
Routine name:  PWF_wspeech_to_speech 2 
 3 
Input: 4 

• Modified weighted speech, )(nswm  5 

• Weighing filter numerator coefficients, )(ˆ ia num
m , for 4,3,2,1,0=m  6 

• Weighing filter denominator coefficients, )(ˆ ia den
m , for 4,3,2,1,0=m  7 

• Adaptive low-pass filter parameters, mµ , for 4,3,2,1,0=m  8 

Output: 9 

• Modified speech, )(mod ns  10 

 11 

The modified speech, )(mod ns , is generated from the modified weighted speech, )(nswm , by 12 
the inverse weighting filter and the inverse of the adaptive low-pass filtering. The transfer 13 
function of the inverse of the fixed weighted synthesis filter for each 5 ms subframe, 14 
indexed by 3,2,1,0=m , is given by: 15 
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 (5.3.16.2-1) 
16 

The filter parameters, )(ia den
m  and )( ia num

m  for 3,2,1,0=m , are the weighted filter 17 
parameters for each of the four 5 ms subframes, calculated in Section 5.3.5. The inverse 18 
adaptive low-pass filter is given by: 19 

11
1)(

−⋅+
=

z
zL

m
m µ  (5.3.16.2-2)

 20 

where mµ , for 4,3,2,1,0=m , was calculated in Section 5.3.8. 21 

 22 
 23 

24 
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5.3.20 LSFs Smoothing Parameter  1 

Routine name:  SMO_lsf_smooth_est 2 

 3 

Input: 4 
• Voice activity decision, VAD  5 

• Previous frame voice activity decision, prvVAD  6 

• First element of reflection coefficient vector for the second quarter of the encoding 7 
frame, )0(1k  8 

• LSFs vector calculated at the fourth quarter of the encoding frame, )(1 ilsf  9 

Output: 10 

• LSFs smooth factor, LSF
SMOβ  11 

 12 

An LSFs smoothing factor is calculated, based on the VAD, the previous VAD, the first 13 
reflection coefficient corresponding to the second quarter of the encoding frame, and two 14 
spectral distortion measures that are calculated by the LSFs smoothing routine. The first 15 
spectral distortion measure is calculated between the current frame LSFs, )(1 ilsf , and the 16 
previous frame LSFs, )(,1 ilsf prv : 17 

( )
210

1
,111 )()(∑

=

−=
i

prv
SMO ilsfilsfSD

 (5.3.16.2-1) 
18 

 The second spectral distortion is calculated by finding the difference between the current 19 
frame LSFs, )(1 ilsf , and an average of the LSFs, 

SMO
lsf : 20 

 21 

( )210

1
1 )()(∑

=

−=
i

SMOSMO ilsfilsfsd
 (5.3.16.2-2) 

22 

The sum of SMOsd  over the current frame and the last 3 frames gives the second spectral 23 
distortion measure, SMOSD2 .  The input parameters and the two spectral distortion 24 
measures are tested and compared to a set of thresholds, to generate a noise stationarity 25 
index, nstI , which has a value at the range ]5,,0[ K . The LSFs smoothing factor is given by: 26 

][ nsttab
LSF
SMO ISMO=β

 (5.3.16.2-3) 
27 

where the values in the LSF smoothing table, tabSMO , are: 28 
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
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= 9.0,
16

99.0,
16

49.0,
16

9.0,0,0tabSMO
 .  (5.3.16.2-4) 

1 

 2 
3 
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5.3.21 LSFs Smoothing 1 
 2 
The average of the LSFs is updated according to: 3 

( ) 10,,1)(1)()( 1 K=⋅−+⋅= iilsfilsfilsf SMO
LSF

SMOSMO
LSF

SMO
ββ

 (5.3.16.2-1) 
4 

For the SMV operation Mode 3, or if the SMV in a Half-Rate-Max Mode, or if the flag 5 
onsetLPCF _  is on, the LSFs that are quantized and transmitted, )(

1
ilsf  are generated 6 

according to: 7 

( ) ( ) 10,,1)(25.0)(75,01)()( 12,11
K=⋅+⋅⋅−+⋅= iilsfilsfilsfilsf SMO

lSFprv
SMO
LSF ββ

 
8 

 (5.3.16.2-2) 
9 

where 
prv

lsf
,1

 are the previous frame smoothed LSFs.  10 

For all other cases, the LSFs that are quantized and transmitted, )(
1

ilsf  are generated 11 
according to: 12 

( ) 10,,1)(1)()( 1,11
K=⋅−+⋅= iilsfilsfilsf SMO

LSFprv
SMO
LSF ββ

 (5.3.16.2-3) 
13 

 14 
15 
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5.3.22 LSFs Quantization 1 
Routine name:  LSF_Q_lsfqnt 2 
 3 
Input: 4 

• Smoothed LSFs, )(
1

ilsf  5 

• SMV rate, Rate  6 
Output: 7 

• Quantized LSFs, )(1 ilsf q  8 

The LSFs are quantized with 25 bits, 21 bits, 20 bits, and 11 bits, for the Rate 1, the Rate 9 
1/2, the Rate 1/4, and the Rate 1/8, respectively.  The quantization is performed using a 10 
weighted-mean-squared error measure, and a multi-stage vector quantization scheme. 11 
 12 

5.3.22.1 Calculation of LSFs Quantization Weights 13 
The LSFs quantization weights are given by: 14 

( )( ) 2.0

1
2 )()( −

= ilsfPiw LPLSF  (5.3.22.1-1) 
15 

Where ( ))(
1

2 ilsfPLP  is the LP power spectrum at the )(
1

ilsf , which can be calculated, for 16 
example, by: 17 
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 (5.3.22.1-2) 
19 
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20 

 (5.3.22.1-3) 
21 

where [ ]54321 ,,,, qqqqq ′′′′′  and [ ]54321 ,,,, ppppp ′′′′′  are as calculated in Section 5.3.1.2.4 for the 22 
fourth quarter of the encoding frame.  23 
The power spectrum can be also calculated from the LSFs. 24 
The weighting parameters are further modified according to 25 

( ) 10,,4)(16.064.1)( K=⋅⋅−⇐ iiwiiw LSFLSF  (5.3.22.1-4) 
26 

 27 
 28 
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5.3.22.2 LSFs Mean Removal 1 
A vector that represents the mean value of the LSFs is subtracted from the LSFs, 2 
generating the mean-removed LSFs vector: 3 

10,,1)()()(
11

K=−=′ iiMilsfifls LSF  (5.3.22.2-1) 
4 

5.3.22.3 LSFs Prediction 5 
The LSFs are predicted using a moving average (MA) prediction scheme. The prediction 6 
error, kε , is generated by: 7 

10,1)()()()(
1

,,1 * K=⋅−′= ∑
=

iiibiflsi
MA
RateO

p

q
pj

Rate
pjj εε

 (5.3.22.3-1) 
8 

where MA
RateO , the order of the MA prediction, is 2 for Rate 1 and 4 for all other rates.  The 9 

prediction coefficients )(, ib Rate
pj , for each of the possible switch prediction j  ( 1,0=j  for Rate 10 

1 and Rate 1/2, and 0=j  Rate 1/4 and Rate 1/8), multiply the previously chosen and 11 
quantized prediction error (index by *j ) for MA

RateO  frames (indexed by p ). Two prediction-12 
error vectors, 1ε  and 2ε , are generated for Rate 1 and Rate 1/2, and a single prediction 13 
vector, 1ε , is generated for Rate 1/4 and Rate 1/8. Different prediction coefficients are used 14 
for each rate, except of the prediction coefficients for Rate 1/4, which use the second set of 15 
prediction coefficients of Rate 1/2.  16 

5.3.22.4 Quantization of the LSFs Prediction Error 17 
The LSFs prediction error is quantized using a multi-stage vector quantization scheme. The 18 
number of bits used for each rate is different, but the quantization tables are shared 19 
between all rates and the quantization schemes are similar. A generic quantization scheme 20 
is depicted in the following diagram, while the LSFs quantization for each rate is described 21 
in Sections 5.3.22.4.1 to 5.3.22.4.4. 22 

23 
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 1 
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 14 
 15 
 16 
 17 
 18 
 19 
 20 
 21 

Figure 5.3-3: A Schematic Diagram of (Switched) Predictive Multi-Stage LSFs 22 
Quantization 23 

 24 
The input to the first stage is the LSFs prediction error, and the input for each consecutive 25 
stage is the quantization error of the previous stage. Each stage has several inputs. Since 26 
two predictors are used for Rate 1 and Rate 1/2, stage 1 has two inputs for these rates. 27 
Since a single predictor is used for Rate 1/4 and Rate 1/8, stage 1 has a single input for 28 
these rates. The number of inputs for stage 2 is 1L , the number of inputs for stage 3 is 2L , 29 
and the number of inputs for stage 4 is 3L . The number of code vectors in the thj stage is 30 

jM . For the thj  stage, denoting the input vector by )(, iI lj
LSF , where l  is the index of the 31 

input vector, the codebook vectors )(iC j
LSF , the output vectors are chosen as the jL  best 32 

combination of an input vector and a code vector, minimizing the weighted mean squared 33 
error measure: 34 

( )∑
=

−=
10

1

2,,,, )()()(
i

rj
LSF

lj
LSFLSF

rlj
LSF iCiIiwWMSE

 (5.3.22.4-1) 
35 

The output vectors from the thj stage are generated by the jL  best combination of an input 36 
vector and a codebook entry, and are given by 37 

P1 P2

1
fls ′

Stage 1 

Stage 2 

Stage 3 

Stage 4 

2ε

1M

2M

3M

4M

1L

2L
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10,,1)()()(
** ,,,1 K=−=′+ iiCiIiI rj

LSF
lj

LSF
lj

LSF  (5.3.22.4-2) 
1 

where l ′  is counting the input vectors to 1+thj  stage, and *l  and *r  denote the chosen 2 
input vector and the chosen codebook vector, respectively. 3 
 4 

5.3.22.4.1 LSFs Quantization for Rate 1 5 

Two predictors are used for Rate 1, and both 1ε  and 2ε  are the inputs to stage 1. The 6 
following table summarizes the parameters used for Rate 1: 7 
 8 

1M  2M  3M  4M  1L  2L  3L  

128 128 64 16 8 7 5 

 9 

Table 5.3-10: Parameters for Rate 1 LSFs Quantization 10 

The total number of bits used for LSFs quantization for Rate 1 is 25, comprising of 1 bit for 11 
the switched prediction, 7 bits for the first stage, 7 bits for the second stage, 6 bits for the 12 
third stage, and 4 bits for the fourth stage. 13 
 14 

5.3.22.4.2 LSFs Quantization for Rate 1/2 15 

Two predictors are used for Rate 1/2, and both 1ε  and 2ε  are the inputs to stage 1. The 16 
following table summarizes the parameters used for Rate 1/2: 17 
 18 

1M  2M  3M  1L  2L  

128 128 64 9 7 

Table 5.3-11: Parameters for Rate 1/2 LSFs Quantization 19 

The total number of bits used for LSFs quantization for Rate 1/2 is 21, comprising, 7 bits 20 
for the first stage, 7 bits for the second stage, and 6 bits for the third stage. 21 
 22 

5.3.22.4.3 LSFs Quantization for Rate 1/4   23 

A single predictor is used for Rate 1/4, and only 1ε  is the input to stage 1. The predictor is 24 
identical to one of the two predictors of Rate 1/2. The following table summarizes the 25 
parameters used for Rate 1/4: 26 
 27 

1M  2M  3M  1L  2L  

128 128 64 9 7 
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Table 5.3-12: Parameters for Rate 1/4 LSFs Quantization 1 

The total number of bits used for LSFs quantization for Rate 1/4 is 20, comprising of 7 bits 2 
for the first stage, 7 bits for the second stage, and 6 bits for the third stage. 3 
 4 

5.3.22.4.4 LSFs Quantization for Rate 1/8 5 

A single predictor is used for Rate 1/8, and only 1ε  is the input to stage 1. The following 6 
table summarizes the parameters used for Rate 1/8: 7 
 8 

1M  2M  3M  1L  2L  

16 16 8 16 16 

Table 5.3-13: Parameters for Rate 1/8 LSFs Quantization 9 

The code vectors for each of the 3 stages are generated as an average of two code vectors in 10 
the respective stage used for the LSFs quantization of the other rates. The total number of 11 
bits used for LSFs quantization for Rate 1/8 is 11, comprising of 4 bits for the first stage, 4 12 
bits for the second stage, and 3 bits for the third stage. 13 
 14 

15 
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5.3.23 Interpolation of Quantized and Unquantized LSFs 1 
The quantized LSFs are interpolated for each subframe. For Rate 1 type-0 frames the 2 
interpolation contour is quantized with 2 bits. For all other cases, no bits are transmitted 3 
for the interpolation contour, and the LSFs are linearly interpolated between the previous 4 
frame quantized LSFs and the current frame quantized LSFs. The interpolated LSFs for 5 
each subframe are converted to the quantized prediction coefficients for each subframe, 6 

)(ia q
j . The range of j is ]4,3,2,1[  for Rate 1 frames, ]2,1[  for Rate 1/2 type-0 frames, and 7 

]3,2,1[  for Rate 1/2 type-1 frames. The quantized LSFs are converted to a set of quantized 8 
prediction coefficients, )(ˆ ia q

m . 9 

5.3.23.1 Interpolation of Quantized LSFs for Rate 1 Type-0 Frames 10 
For Rate 1 type-0 frames the encoder searches for the best interpolation path and quantizes 11 
the best interpolation path with 2 bits. The search is carried by comparing the 4 possible 12 
interpolations between the current frame quantized LSFs, )(1 ilsf q , and the previous frame 13 
quantized LSFs, )(,1 ilsf q

prv , with respect the LSFs with were calculated of the second quarter 14 
of the coding frame, )(0 ilsf . 15 

5.3.23.1.1 Calculating of Distance Weights  16 

A set of weights, INTRw , is calculated from )(0 ilsf  according to: 17 

( ) ( )( )
( ) ( )( )

( ) ( )( ))9()10(1)10(1)10(
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18 

 (5.3.23.1-1) 
19 

5.3.23.1.2 Determination of Best Interpolation Path  20 

The best interpolation path is determined by calculating the four possible weighted 21 
averages between )(1 ilsf q  and )(,1 ilsf q

prv , and finding the one that is closest to )(0 ilsf . The 22 

weighted average, 
qj

lsf
,

0 , for 4,,1K=j  is calculated by: 23 

( ) 10,,1)(1)()( ,11
,

0 K=⋅−+⋅= iilsfCilsfCilsf q
prvj

q
j

qj

 (5.3.23.1-2) 
24 

where 5.01 =C , 6.02 =C , 7.03 =C , and 8.04 =C . For each j , the distance between 25 

)(
,

ilsf
qj

o  and )(0 ilsf  is calculated as: 26 

∑
=

⋅−=
10

1
0

,

0 )()()(
i

INTR

qjj
INTR iwilsfilsfD

 (5.3.23.1-3) 
27 

The *j
C  that minimizes j

INTRD  is chosen, and the interpolated LSFs for each of the 4 28 

subframes, )(ˆ ifsl q
m  are obtained by: 29 
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 (5.3.23.1-4) 
2 

5.3.23.2 Interpolation of Quantized LSFs for Rate 1 Type-1 frames, Rate 1/4 3 
frames, and Rate 1/8 Frames 4 

For Rate 1 type-1 frames, as well as for Rate 1/4 and Rate 1/8 frames, the LSFs are 5 
linearly interpolated for each subframe, and the LSFs for each of the 4 subframes, )(ˆ ifsl q

m  6 
are obtained by: 7 

10,,1
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m  (5.3.23.2-1) 

8 

5.3.23.3 Interpolation of Quantized and Unquantized LSFs for Rate 1/2 Type-0 9 
Frames 10 

For Rate 1/2 type-0 frames the LSFs are linearly interpolated for each subframe, and the 11 
LSFs for each of the 2 subframes, )(ˆ ifsl q

m  are obtained by: 12 





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=
=⋅+⋅
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m  (5.3.23.3-1) 
13 

The unquantized LSFs are interpolated according to: 14 





=
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= 10,,1
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)(ˆ
01
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ifsl q
prv

m  
15 

The interpolated unquantized LSFs are converted to interpolated unquantized prediction 16 
coefficients )(ˆ iam . 17 

 18 

5.3.23.4 Interpolation of Quantized and Unquantized LSFs for Rate 1/2 Type-1 19 
Frames 20 

For Rate 1/2 type-1 frames the LSFs are linearly interpolated for each subframe, and the 21 
LSFs for each of the 3 subframes, )(ˆ ifsl q

m  are obtained by: 22 
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 (5.3.23.4-1) 
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The unquantized LSFs are interpolated according to: 1 








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2 

 (5.3.23.4-2) 
3 

The interpolated unquantized LSFs are converted to interpolated unquantized prediction 4 
coefficients )(ˆ iam . 5 

 6 
7 
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5.3.24 Recalculating of Weighting Filter Coefficients for Rate 1/2  1 
Since Rate 1/2 frames have 3 subframes for type-1 frame and 2 subframes for type-0 2 
frame, the weighing filter coefficients for each subframe are recalculated. For type-1 frames, 3 
the interpolated first element of the reflection coefficients are recalculated as: 4 

)0(ˆ1625.0)0(ˆ8375.0)0(ˆ
)0(ˆ5.0)0(ˆ5.0)0(ˆ

)0(ˆ1625.0)0(ˆ8375.0)0(ˆ

322

211

100

kkk

kkk

kkk

⋅+⋅⇐

⋅+⋅⇐

⋅+⋅⇐

 (5.3.24-1) 
5 

Similarly, the interpolated LPC prediction gains are recalculated as: 6 
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 (5.3.24-2) 
7 

 8 
For type-0 frames, the interpolated first element of the reflection coefficients are 9 
recalculated as: 10 

)0(ˆ5.0)0(ˆ5.0)0(ˆ
)0(ˆ5.0)0(ˆ5.0)0(ˆ
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100

kkk
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⋅+⋅⇐
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 (5.3.24-3) 

11 

Similarly, the interpolated LPC gain is recalculated as: 
12 

LPCLPCLPC
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321
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ˆ5.0ˆ5.0ˆ

ˆ5.0ˆ5.0ˆ

⋅+⋅⇐
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 (5.3.24-4) 

13 

The weighing filter coefficients, )(ˆ ia num
m  and, )(ˆ ia den

m  for each subframe are recalculated for 14 
each subframe, using the recalculated and interpolated prediction coefficients, )(ˆ iam , first 15 

element of reflection coefficients, )0(ˆ
mk , and LPC gains, LPC

mĜ , as described in Section 16 
5.3.5. 17 
 18 

19 
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5.3.25 Identifying Long-Term Spectral Characteristic 1 
Routine name: CLA_Identify_Input 2 
 3 
Input: 4 

• Frame type, Type  5 

• Interpolated quantized prediction coefficients for the first subframe, )(ˆ0 ia q  6 

• First element of quantized LSF vector, )1(1
qlsf  7 

• Quantized adaptive-codebook gain for the last subframe of the previous frame, prv
ag  8 

• SMV rate, Rate  9 
Output: 10 

• Spectral flatness flag, flatF  11 

• LPC prediction gain from quantized parameters of the first subframe, LPC
qG ,0  12 

 13 
The identification of the long-term spectral characteristics is performed by the analysis of 14 
several quantized spectral and pitch characteristics over a long time period.  15 
The quantized prediction coefficients of the first subframe are converted to quantized 16 
reflection coefficients, )(ˆ

,0 ik q , and the quantized LPC prediction gain is calculated by: 17 
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 (5.3.25-1) 
18 

A counter of the number of consecutive Rate 1/8 frames, 8/1C , is obtained. A counter of the 19 
type-1 frames, 1typeC , is maintained and used in the calculation of a long term parametric 20 

average, X  as follows: 21 
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 (5.3.25-2) 
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23 

1typeC  is updated after the calculation of Equation (5.3.25-2) and Equation (5.3.25-3) above, 24 
and is limited to 10000. The final long-term spectral characteristic flag, flatF , is updated 25 
only if the frame type is 0, 108/1 >C , and 2001 >typeC , as follows: 26 
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
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Fflat  (5.3.25-4) 
1 

If none of the conditions is met, flatF  is not changed from its previous value. 2 
3 
3 
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5.4 Excitation Coding at Rate 1/8  1 

5.4.1 Excitation and Unquantized Gain Determination 2 
Routine name:  GCB_gauss_excit 3 
Input: 4 

• Seed, seed  5 

• Energies of weighted residual for two halves of the frame, )0(rwE  and )1(rwE   6 

Output: 7 

• Unquantized fixed-codebook gain, cg  8 

• Random excitation, )(nr  9 

 10 

A Gaussian random excitation )(nr  is generated using the random noise generator 11 
described in Section 5.6.19. For this rate, the seed used is a signed 16-bit static variable 12 
initialized to 0x0E76. The seed is re-set to its initial value whenever the rate is not the Rate 13 
1/8.  The gain cg is determined as follows: 14 

∑
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⋅=

frmL

n

ref
c

ne

E
g

0

2 )(

)0,960max(
7.0

 (5.4.1-1) 
15 

where refE  is set according to the rates of the previous two frames. If either previous two 16 
frames was not coded using Rate 1/8: 17 

)1()0( wrwrref EEE +=
 (5.4.1-2) 

18 

otherwise 19 

))1()0((5.05.0 wrwrrefref EEEE +⋅+⋅=
 (5.4.1-3) 

20 

 21 

5.4.2 Gain quantization 22 
Routine name:  GEQ_gainNSQMA_1_5 23 
Input: 24 

• Random Excitation, )(nr  25 

• Unquantized fixed-codebook gain, cg  26 

Output: 27 

• Quantized fixed-codebook gain, cg  28 

 29 
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A single fixed-codebook gain cg  is quantized, using a prediction scheme, with 5 bits per 1 
frame. The quantized cĝ is found as the entry that satisfies: 2 

{ } memccc gggg 5ˆ such that ˆminarg ≤−
 (5.4.2-1) 

3 

where memg  is the estimate of the average Rate 1/8 frame gain, and is updated after the 4 
above quantization for each Rate 1/8 frame as 5 

( )( ) ( )( )( )( )memrrmem ggroundroundgroundg ⋅+⋅= 95.0100,max05.0,100,maxmax
 

6 

 (5.4.2-2) 
7 

The entries of the codebook contain the correction factor for the predicted fixed-codebook 8 
gain.  The prediction of the fixed-codebook gain is based on a 4th order MA prediction of the 9 
fixed-codebook energy. 10 
The relation between the correction factor γ  and the quantized fixed-codebook gain is given 11 
by 12 

cc gg ~ˆ ⋅= γ
 (5.4.2-3) 

13 

where cĝ  is the quantized fixed-codebook gain, and cg~  is the predicted fixed-codebook 14 
gain. The predicted fixed-codebook gain is based on a 4th order MA prediction of the fixed- 15 
codebook energy, and is given by 16 
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17 

where the dB30=E is the mean energy, 18 
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19 

and 20 

( )∑
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−⋅=
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1
10log20~

i

q
ifrmibE γ

 (5.4.2-6) 
21 

where the prediction coefficients of the MA prediction are }2.0,4.0,6.0,7.0{},,,{ 4321 =bbbb , 22 
and q

ifrm−γ  are the quantized correction factors for the previous 4 frames. 23 

To avoid production of a NULL (all 1s) Rate 1/8 packet at the encoder, the Rate 1/8 gain 24 
search shall be restricted to the first 31 entries of the table when the quantized LSF indices 25 
are all 1s. 26 

27 
27 



 C.S0030-0 v3.0 

 139  

5.5 Excitation Coding at Rate 1/4  1 
Noise Excited Linear Prediction (NELP) is used for Rate 1/4 frames. A pseudo-random noise 2 
is colored using a set of filters, and scaled appropriately by gains in 10 subframes of 16 3 
samples each to model the excitation. 4 
 5 

 6 
Figure 5.5-1: Excitation Coding for Rate 1/4 Frames 7 

 8 

5.5.1 Computation and Quantization of Gains 9 
Routine name:  nelp_encoder 10 
Input: 11 

• Pre-processed speech, )(~ ns  12 

• Quantized LSFs, )(1 ilsf q  13 

Output: 14 

• Quantized excitation, ( )nrq  15 
 16 

 17 

The pre-processed speech, )(~ ns , is converted to the residual signal ( )nr  using the 18 
quantized LSFs, )(1 ilsf q  (by converting the LSFs to LPCs, and zero filtering the pre-19 
processed speech with the LPCs). The energy iE of the residual signal is computed for each 20 
of the 10 subframes ( )100 <≤ i as 21 
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 (5.5.1-1) 
22 

The 10 subframe gains iG are computed from the above energies as 23 
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ii EG =
 (5.5.1-2) 

1 

Two normalization factors for two splits ( )20 <≤ j of the above 10 gains are determined by 2 

[ ] ∑
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2
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 (5.5.1-3) 

3 

The above two normalization factors are vector quantized using a two dimensional 4 
codebook [ ][ ]2321CBUVG  to provide an index Gi ˆ ′  as 5 

[ ]( ) [ ][ ]( ) 32k0   ,    110logminargˆ
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 (5.5.1-4) 
6 

The quantized normalization factors are then computed for ( )20 <≤ j  using 7 

[ ] [ ][ ]jGiCBUVGjG ˆ110ˆ ′=′
 (5.5.1-5) 

8 

The 10 subframe gains are then normalized using the quantized normalization factors 9 
according to 10 

[ ] [ ]
[ ]
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22 <≤<≤

′
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 (5.5.1-6) 

11 

The 10 normalized gains are then vector quantized using a 3-dimensional codebook 12 
[ ][ ][ ]56422CBUVG  to provide two indices ]0[Gi ′′ , and ]1[Gi ′′  such that 13 
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14 

 (5.5.1-7) 
15 

The quantized, normalized gains are then given by 16 

[ ] [ ][ ][ ] 20 ; 50    ,     ˆ22ˆ <≤<≤′′=+′′ jiiGijCBUVGijG
 (5.5.1-8) 

17 

The quantized gains used to scale the NELP excitation then are 18 

[ ] [ ] 2j0  5;i0    ,   2ˆ][ˆ2ˆ <≤<≤+′′′=+ ijGjGijG
 (5.5.1-9) 

19 

 20 

5.5.2 Random number generation 21 

A pseudo-random vector rande  of 160 samples is generated as follows, 22 

32768)259521( +×= NELPseedNELPseed
 (5.5.2-1) 

23 

( ) 1600   ,   <≤= nNELPseednerand  (5.5.2-2) 
24 

For Rate 1/4, the seed is initialized at the beginning of each frame to a signed 16-bit 25 
number that is derived from the bits representing the LSF.  26 
 

27 
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 1 

5.5.3 Creation of sparse non-zero excitation 2 

The above pseudo-random vector ( )nerand  is divided into 10 subframes, and each subframe 3 
is made sparse by retaining the 4 largest absolute magnitude samples, and zeroing out the 4 
remaining 12. Each of these 10 subframes of the sparse vectors is denoted by ( )niesparse , , 5 

100 <≤ i ; 160 <≤ n .  These sparse vectors are then scaled by their appropriate gains to 6 
create 160 samples of a sparse, excitation signal 7 

( ) ( ) ( )  160 ; 100   ,,ˆ3161 <≤<≤=+ ninieiGnir sparse  (5.5.3-1) 
8 

5.5.4 Shaping the excitation 9 

The above excitation ( )nr1  is filtered by a 12th order bandpass filter, in order to remove the 10 
low band and high components to yield the signal ( )nr2 . This bandpass filter is given by the 11 
following transfer function 12 

( ) 12
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12
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dd

nnn

 (5.5.4-1) 
13 

where the coefficients niBP , and diBP  are given in the tables bp1_num_coef, and 14 
bp1_den_coef respectively in the C-code. 15 

( )nr2  is then filtered by the 10th order shaping filter ( )zSF1  to give the signal ( )nr3 . This 16 
shaping filter is given by the following transfer function 17 

( ) 10
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 (5.5.4-2) 
18 

where the coefficients niSF1 , and diSF1  are given in the tables shape1_num_coef, and 19 
shape1_den_coef respectively in the C-code. 20 

( )nr3  is then scaled according to the following equation to yield  21 
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 (5.5.4-3) 
22 

( )nr  and ( )nr4  are filtered by the 10th order lowpass filter ( )zLP  to give ( )nrL  and ( )nr L4 . 23 
Similarly, ( )nr  and ( )nr4  are filtered by the 10th order highpass filter ( )zHP  to give ( )nrH  24 
and ( )nr H4 .  25 
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where the coefficients niLP , and diLP  are given in the tables txlpf1_num_coef, and 1 
txlpf1_den_coef respectively in the C-code, and the coefficients niHP , and diHP  are given 2 
in the tables txhpf1_num_coef, and txhpf1_den_coef respectively in the C-code. 3 
 4 

Two factors LR , and HR  are computed as follows 5 
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and 7 
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 (5.5.4-7) 
8 

A filter index idxF  is computed as follows from LR , and HR , and sent to the decoder. 9 
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10 

The shaping filter ( )zSF  is determined from idxF  as follows 11 
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12 

where, ( )zSF2 , ( )zSF3  are  13 
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 (5.5.4-11) 
15 

where the coefficients niSF2 , diSF2 , niSF3 , and diSF3   are given in the tables 16 
shape2_num_coef, shape2_den_coef, shape3_num_coef, and shape3_den_coef 17 
respectively in the C-code. 18 

Finally, ( )nr3  is filtered by ( )zSF  to provide the quantized formant residual ( )nrq for the 19 
Rate 1/4 frame.  20 

21 
21 
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5.6 Excitation Coding at Rate 1 and Rate 1/2  1 
 2 

5.6.1 Introduction to Excitation Coding for Rate 1 and Rate 1/2 3 
The coding of the excitation for Rate 1 and Rate 1/2 is performed for each subframe. Since 4 
the coding approach for both rates is the same, the subframe processing loop in the SMV 5 
encoder is shared between Rate 1 and Rate 1/2, while some internal sections of the 6 
subframe processing loop are distinct for each rate and for each frame type.  7 
 8 
 9 
 10 
 11 
 12 
 13 
 14 
 15 
 16 
 17 
 18 
 19 
 20 
 21 
 22 
 23 
 24 
 25 
 26 
 27 
 28 
 29 
 30 
 31 
 32 

Figure 5.6-1: Subframe Excitation Coding for Rate 1 and Rate 1/2 Type-0 Frames 33 
 34 
The subframe excitation coding for type-0 frames is depicted in Figure 5.6-1. The subframe 35 
processing includes a search for an adaptive-codebook contribution, a fixed-codebook 36 
contribution, and the joint quantization of the adaptive-codebook gain and the fixed-37 
codebook gain, using gain-normalized target signal. The choice of the codebook vector and 38 
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the quantization of the gains are completed for each subframe before the next subframe is 1 
processed. 2 
 3 
 4 
 5 
 6 
 7 
 8 
 9 
 10 
 11 
 12 
 13 
 14 
 15 
 16 
 17 
 18 
 19 
 20 
 21 
 22 
 23 
 24 
 25 
 26 
 27 
 28 
 29 
 30 
 31 
 32 
 33 

 34 
Figure 5.6-2: Subframe excitation coding for Rate 1 and Rate 1/2 type-1 frames  35 
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The subframe excitation coding for type-1 frames is depicted in Figure 5.6-2. Before the 1 
subframe is processed, the adaptive-codebook gains for all of the subframes are jointly 2 
quantized. The subframe processing includes only the search for the fixed-codebook 3 
contribution, since the adaptive-codebook contribution is obtained from the interpolated 4 
pitch contour. After the fixed-codebook contribution is determined for all subframes, the 5 
fixed-codebook gains are jointly quantized, using gain-normalized target signal. 6 
Before the subframe processing loop is executed, the number of subframes is set, according 7 
to the rate and the frame type. For Rate 1 the number of subframes is 4, for Rate 1/2 type-8 
0 frames the number of subframes is 2, and for Rate 1/2 type-1 frames the number of 9 
subframes is 3. At the beginning of the subframe loop the number of samples in the 10 
subframe, SFL , is set, according to the following table: 11 
 12 

 Rate 1 Rate 1/2 

 Type-0 frames Type-1 frames Type-0 frames Type-1 frames 

1st subframe 40 40 80 53 

2nd subframe 40 40 80 53 

3rd subframe 40 40 ─ 54 

4th subframe 40 40 ─ ─ 

Table 5.6-1: SFL - Number of Samples in a Subframe for Rate 1 and Rate 1/2  13 

Sections 5.6.2 to 5.6.17 describe the subframe processing for Rate 1 and Rate 1/2, and are 14 
repeated for all 2,3, or 4 subframes. Note that the subframe processing loop is performed 15 
even when the selected rate is Rate 1/4 or Rate 1/8; however, the loop is performed 16 
without the excitation search and is needed only to keep the proper memory updates. For 17 
some of the symbols in the description of the excitation in the following description, the 18 
index of the subframe is omitted for simplicity.  19 
 20 

21 
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5.6.2 Calculation of Impulse Response of the Combined Synthesis and 1 
Weighting Filter 2 

Routine name:  LPC_ImpulseResonse 3 
Input: 4 

• Weighing filter numerator coefficients for the subframe, )(ˆ ia num
m  5 

• Weighing filter denominator coefficients for the subframe, )(ˆ ia den
m  6 

• Interpolated quantized prediction coefficients for the subframe, )(ˆ ia q
m  7 

Output: 8 

• Impulse response of the combined filter for the subframe, )(nhimp  9 

 10 
The synthesis and weighing filter are combined in the form: 11 

)()(
)()(
zAzA

zAzF den

num

=
 (5.6.2-1) 

12 

The filter )(zAnum  uses the coefficients )(ˆ ia num
m  and the filter )(zAden uses the coefficients 13 

)(ˆ ia den
m , calculated according to Section 5.3.5 for Rate 1 and according to Section 5.3.24 for 14 

Rate 1/2. The filter )(zA  uses the interpolated quantized prediction coefficients, )(ˆ ia q
m , 15 

obtained according to Section 5.3.23. The impulse response of the combined filter for the 16 
length of the subframe is calculated and stored in )(nhimp . 17 

 18 
19 
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5.6.3 Generating the Target Signal 1 
Routine name:  PRC_TargetSignal 2 
Input:  3 

• Weighing filter numerator coefficients for the subframe, )(ˆ ia num
m  4 

• Weighing filter denominator coefficients for the subframe, )(ˆ ia den
m  5 

• Interpolated quantized prediction coefficients for the subframe, )(ˆ ia q
m  6 

• Modified speech, )(mod ns  7 

Output: 8 

• Target signal for closed-loop pitch search or pitch interpolation, )(nTgs   9 

• Residual modified signal, )(mod nr , concatenated to the adaptive codebook, )(nC adp  10 

 11 
For each subframe (with a size defined by the rate and by the frame type), the modified 12 
speech signal, )(mod ns  (Section 5.3.19), is filtered by the weighting filter to generate the 13 
target signal for the closed-loop search (type-0 frames) and the pitch interpolation (type-1 14 
frames). The zero-input response of the previous frame is removed from the synthesis filter. 15 
The filtering is performed in 2 steps, and result in the modified residual signal, as well as 16 
the target signal. 17 

At the first step, the residual signal )(mod nr  is generated from the modified speech )(mod ns  18 
by the all-zero filter )(zA , where the filter coefficients are the interpolated prediction 19 
coefficients for each subframe. The residual for the current subframe is concatenated to the 20 
adaptive codebook from the previous subframes, to generate the adaptive codebook, 21 

)(nC adp , for the current subframe. 22 

At the second step, the target signal )(nTgs  is generated from the residual signal )(mod nr by 23 
the combined filter: 24 

)()(
)()(
zAzA

zAzF den

num

=
 (5.6.3-1) 

25 

The zero-input response removal is performed by the manipulation of the states of the )(zA  26 
and ( )denA z  filters. 27 

 28 
29 
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5.6.4 Generating the Ideal Excitation 1 
Routine name:  PRC_Ideal_Excit 2 
Input: 3 

• Weighing filter numerator coefficients for the subframe, )(ˆ ia num
m  4 

• Weighing filter denominator coefficients for the subframe, )(ˆ ia den
m  5 

• Interpolated quantized prediction coefficients for the subframe, )(ˆ ia q
m  6 

• Target signal for closed-loop pitch search or pitch interpolation, )(nTgs   7 

Output: 8 

• Ideal excitation, )(nIext  9 

 10 

The ideal excitation )(nIext  is generated from the target signal )(nTgs  as the zero-state 11 
response of the filter: 12 

)(
)()(

)(ˆ
zA

zAzA
zF

num

den=
 (5.6.4-1) 

13 

 
14 

15 
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5.6.5 Adaptive-codebook Contribution for Type-1 Frames 1 
Routine name:  LTP_PP_pitch_ext 2 
 3 
Input: 4 

• Pitch contour, )(nPit  5 

• Target signal for closed-loop pitch search or pitch interpolation, )(nTgs  6 

• Adaptive codebook, )(nC adp  7 

• Impulse response of the combined filter for the subframe, )(nhimp  8 

Output: 9 

• Adaptive-codebook contribution, )(ncadp
unf  10 

• Filtered adaptive-codebook contribution, )(ncadp
f  11 

• Fractional pitch for the subframe, p
FRCl  12 

• Integer pitch for the subframe, p
INTl  13 

• Normalized closed-loop pitch correlation, wgt
pR  14 

 15 
For type-1 frames, the adaptive-codebook vector contribution for the subframe is generated 16 
using the interpolated pitch contour, )(nPit  (Section 5.3.14.2). The filtered adaptive-17 
codebook contribution is obtained by the convolution of the adaptive-codebook vector, and 18 
the normalized adaptive-codebook correlation is derived. 19 
 20 

5.6.5.1 The Adaptive-codebook Vector Contribution 21 

The adaptive codebook vector contribution for the subframe, )(ncadp
unf , is obtained by pitch-22 

filtering the adaptive codebook )(nC adp  according to: 23 

1,,0))(()()( −=−== SF
adpadpadp

unf LnnPitnCnCnc K
 (5.6.5.1-1) 

24 

Since )(⋅Pit can have fractional values, a set of Sinc windows (sampled at 21 different 25 
phases) is used to obtain )(ncadp

unf values at fractional time locations. The fractional pitch for 26 

the subframe,  p
FRCl , is set to )2/( SFLPit and p

INTl  is set to the integer part of the fractional 27 
pitch, i.e. )( p

FRClI .  28 

 29 
 30 
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5.6.5.2 The Filtered Adaptive Vector Contribution and Normalized Pitch Correlation  1 

The filtered adaptive-codebook vector, )(ncadp
f , is obtained by a zero-state convolution of 2 

)(ncadp
unf  with )(nhimp . The normalized pitch correlation is obtained by: 3 

( ) ( )
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1 1 22

0 0
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5.6.6 Adaptive-codebook Contribution For Rate 1 Type-0 Frames 1 
Routine name:  LTP_close_8_5k_pitch 2 
 3 
Input: 4 

• Target signal for closed-loop pitch search or pitch interpolation, )(nTgs  5 

• Adaptive codebook, )(nC adp  6 

• Impulse response of the combined filter for the subframe, )(nhimp  7 

• Integer open-loop pitch for the subframe, SF
pl  8 

• Signal modification classifier, SMC  9 

• Fractional pitch lag of previous subframe, prvp
FRCl ,  10 

Output: 11 

• Adaptive-codebook contribution, )(ncadp
unf  12 

• Filtered adaptive-codebook contribution, )(ncadp
f  13 

• Fractional pitch for the subframe, p
FRCl  14 

• Integer pitch for the subframe, p
INTl  15 

• Normalized closed-loop pitch correlation, wgt
pR  16 

• Adaptive-codebook gain (closed-loop pitch gain), ag  17 

 18 

For Rate 1 type-0 frames the pitch is represented by 8 bits for the first and third 19 
subframes, and by 5-bit differential coding for the second and the fourth subframes.  The 20 
closed-loop pitch search interval is 3±SF

pl  for the first subframe and 3±SF
pl  for the third 21 

subframe. For the second and the fourth subframes the closed-loop pitch search interval is 22 
328125.4, ±prvp

FRCl  around the closed-loop pitch of the previous subframe, as defined in the 23 
differential-pitch codebook. For the fourth subframe, if 0>SMC , the closed-loop pitch 24 
search interval is [ ] [ ]1,,1328125.4)2(,,328125.4)2( ,, +−∩+− SF

p
SF
p

prvp
FRC

prvp
FRC llll KK  where 25 

)2(p
FRCl denotes the closed-loop pitch of the third subframe. (If the intersection is found to 26 

be an empty set, a single point, 328125.4)2(, −prvp
FRCl  or 328125.4)2(, +prvp

FRCl  is used.) Note 27 
that the resulting search pitch interval is further constrained so that it is always a subset 28 
of the allowable pitch interval [ ]148,,17 K . 29 

 30 
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5.6.6.1 Normalized Cross Correlation Between the Target and the Filtered Excitation 1 
The normalized correlations between the filtered adaptive codebook and target signal at the 2 
integer values of the search interval are computed. The number of normalized correlation 3 
values is the number of integer points in the interval, with extra 5 integer points in each 4 
direction for further interpolation. For each lag l  in the search interval, the filtered 5 
adaptive codebook, )(, nC adp

lflt  is obtained by convolving the adaptive codebook )(nC adp  with 6 
)(nhimp , using a recursive filtering procedure. The normalized correlation for each lag, 7 

)(lRadp
nrm , is given by: 8 
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 (5.6.6.1-1) 
9 

where .40=SFL  10 

 11 

5.6.6.2 Fractional Pitch Search and Quantization 12 
The integer closed-loop pitch is obtained as the lag l  that maximizes the normalized 13 
correlation, )(lRadp

nrm . For the last subframe, if the maximum of the normalized correlation is 14 
negative, and 0>SMC , the integer closed-loop pitch is set to the open-loop pitch lag. 15 

The fractional pitch is searched on the search interval of [ ]9.0,,9.0 K−  around the integer 16 
closed-loop pitch lag. The allowable fractional pitch lag values on that interval are defined 17 
by the direct pitch quantization table for the first and the third subframes, and by the 18 
differential quantization table for the second and the fourth subframes. The fractional pitch 19 
is obtained by a band-limited interpolation of the normalized correlation )(lRadp

nrm , calculated 20 
in Section 5.6.6.1, at the allowable fractional pitch lags on the search interval, and 21 
choosing the pitch by the lag that maximizes the interpolated normalized correlation. The 22 
adaptive-codebook contribution is constructed in the vector )(ncadp

unf . p
INTl  is simply the 23 

rounded version of p
FRCl . 24 

 25 

5.6.6.3 Adaptive-codebook Gain (Closed-Loop Pitch Gain) and Normalized Correlation 26 

The adaptive-codebook vector )(ncadp
unf  is convolved with )(nhimp , to generate the filtered 27 

adaptive-codebook vector )(ncadp
f . The closed-loop pitch gain is given by: 28 
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where 40=SFL . The closed-loop normalized correlation is given by: 1 
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5.6.7 Adaptive-codebook Contribution For Rate 1/2 Type-0 Frames 1 
Routine name:  LTP_close_7b_pitch 2 
 3 
Input: 4 

• Target signal for closed-loop pitch search or pitch interpolation, )(nTgs  5 

• Adaptive codebook, )(nC adp  6 

• Impulse response of the combined filter for the subframe, )(nhimp  7 

• Integer open-loop pitch for the subframe, SF
pl  8 

• Signal modification classifier, SMC  9 

Output: 10 

• Adaptive-codebook contribution, )(ncadp
unf  11 

• Filtered adaptive-codebook contribution, )(ncadp
f  12 

• Fractional pitch for the subframe, p
FRCl  13 

• Integer pitch for the subframe, p
INTl  14 

• Normalized closed-loop pitch correlation, wgt
pR  15 

• Adaptive-codebook gain, ag  16 

 17 

For Rate 1/2 type-0 frames the pitch lag is represented by 7 bits for the first and the 18 
second subframes, which represent the integer pitch lags on the range [ ]148,,21K . The 19 
closed-loop pitch search for Rate 1/2 type-0 is similar to the closed-loop pitch search for 20 
Rate 1 type-0 frames, except only integer pitch values are searched. The closed-loop search 21 
interval is 3±SF

pl  around the open-loop pitch lags. If the open-loop pitch is smaller than 22 
21, it is multiplied by 2 so that it fits into the allowable pitch range. For the second 23 
subframe, if 0>SMC  and if )1(SF

pl  is larger than 60, the closed-loop pitch search interval is 24 

reduced to 1)1( ±SF
pl . 25 

 26 

5.6.7.1 Normalized Cross Correlation Between the Target and the Filtered Excitation 27 

The normalized cross correlation for each lag, )(lRadp
nrm , between the filtered adaptive 28 

codebook and target signal at the integer values of the search interval are computed, as 29 
described for Rate 1 type-0 frames in Section 5.6.6.  30 
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5.6.7.2 Integer Pitch Search and Quantization 1 

The integer closed-loop pitch lag p
INTl  is obtained as the lag that maximizes the normalized 2 

correlation. For the last subframe, if the maximum normalized correlation is negative and 3 
0>SMC , the integer closed-loop pitch lag is set to the open-loop pitch. The adaptive-4 

codebook contribution, )(ncadp
unf , is constructed according to the integer closed-loop pitch 5 

p
INTl . p

FRCl  in this case is set to p
INTl . 6 

 7 

5.6.7.3 Adaptive-codebook Gain (Closed-Loop Pitch Gain) and Normalized Correlation  8 

Similar to Rate 1 type-0 frames, the adaptive-codebook vector )(ncadp
unf  is convolved with 9 

)(nhimp , to generate the filtered adaptive-codebook vector )(ncadp
f . The closed-loop pitch 10 

gain, ag , and the normalized pitch correlation is calculated according to Equations 11 
(5.6.6.3-1) and (5.6.6.3-2) in Section 5.6.6.3, with 80=SFL . 12 
 13 

14 
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5.6.8 Scaling of Adaptive-Codebook Gain  1 

In order to enhance the perceptual performance of the fixed-codebook search, the adaptive- 2 
codebook gain is scaled down before it is used to generate the target signal for the fixed-3 
codebook search, )(nTg .  In this way, )(nTg  would have a small amount of periodicity, 4 
which encourages placing of pulses around high-energy segments during the pulse-5 
codebook search (i.e., around the pulse spike in the case of voiced speech).  6 

For type-1 frames, if 2<noisyVF , the open-loop pitch gain, ag , is scaled down according to: 7 

( )7.03.0 +⋅⋅⇐ wgt
paa Rgg

 (5.6.8-1) 
8 

For type-0 frames, the closed-loop pitch gain, ag , is scaled down according to: 9 

( )5.05.0 +⋅⋅⇐ wgt
paa Rgg

 (5.6.8-2) 
10 

 11 
 12 

5.6.9 Update of Target and Ideal Excitation 13 

The target for the fixed-codebook search, )(nTg , is generated from the target for the 14 

adaptive-codebook search, )(nTgs , the filtered adaptive-codebook contribution, )(ncadp
f , 15 

and the closed-loop pitch gain, ag , according to: 16 

)()()( ncgnTnT adp
fagsg ⋅−=

. (5.6.9-1) 
17 

The ideal excitation is updated, using the unfiltered adaptive-codebook contribution, 18 
)(ncadp

unf , and the closed-loop pitch gain, ag , according to: 19 

)()()( ncgnInI addp
unfaextext ⋅−⇐

. (5.6.9-2) 
20 

21 
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5.6.10 Calculation of Fixed-codebook Smoothing Parameters 1 
Routine name:  SMO_excitation_analysis 2 
 3 
Input: 4 

• Modified speech, )(mod ns  5 

• Ideal excitation, )(nIext  6 

• Fractional pitch for the subframe, p
FRCl  7 

• Voice activity decision, VAD  8 

• First element of interpolated reflection coefficient vector for the sub frame, )0(ˆ
mk  9 

Output: 10 

• Subframe mode factor, mod_subC  11 

• Gain normalization factor, Eβ  12 

 13 
The routine generates two factors for the subframe, one used for sub-codebook selection, 14 
and the other for gain normalization. A counter of the consecutive inactive voiced 15 
subframes (according to the frame VAD decision), VADC , is kept and is limited to 8. An 16 
internal counter of the number of noise updates, noiseupdateC _ , is obtained and limited by 20. 17 
An internal counter of the number of speech updates, speechupdateC _ , are obtained and limited 18 
by 60. Using the noise update counter and the speech update counter, the maximum of the 19 
SNR, maxSNR , is updated, using an average of the maximum of the absolute values during 20 
noise segments, maxN  and the average of the maximum of the absolute values during 21 
speech segments, maxS . The maximum of the SNR is used to set a level of adaptation, adptC . 22 

The normalized correlation is calculated on the modified speech for the integer portion of 23 
the pitch lag,  p

FRCl , and for   1+p
FRCl  are calculated according to: 24 

 ( )

( )  ( )∑ ∑

∑

= =

=

−⋅

−⋅
=

79

0

79

0

2
modmod

2
mod

79

0
modmod

1
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)(

n n

p
FRC

n

p
FRC

lnsnsns

lnsns
R

 (5.6.10-1) 
25 

 ( )

( )  ( )∑ ∑

∑

= =

=

+−⋅

+−⋅
=
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0
modmod

2

1)(

)(

n n
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p
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lnsnsns

lnsns
R

 (5.6.10-2) 
26 

(If   148=p
FRCl , the second correlation is calculated for the lag 147.)  27 
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The maximum between both correlations is kept, and is denoted pL
R . A moving average of 1 

pL
R  is obtained by: 2 

ppp LLL
RRR ⋅+⋅= 1.09.0

 (5.6.10-3) 
3 

A buffer of maximum of absolute values in the subframe, and a buffer of sum of absolute 4 
values in the frame, for the last 15 subframes, are maintained and undated. The buffer of 5 
maximum absolute values is divided into 5 groups, each of 3 subframes, and the derivative 6 
of the maximum of absolute sum for each group is obtained. 7 
Using the maximum of absolute values for the current subframe, the level of adaptation 8 

adptC , a tracking level of the noise, the average pitch correlation pL
R , and the VAD decision, 9 

a binary speech mode, speechF , is obtained. 10 

Update of the noise or the speech parameters is performed, using the parameters described 11 
above for a decision between the update of noise parameters or the update of speech 12 
parameters, and the rate of the updates. 13 
The maximum of the absolute value of the ideal excitation subframe is obtained, and 14 
denoted by maxI . The ratio between maxI  and a long term average of it, maxI , is denoted 15 

maxR .  The speech mode, speechF , and maxR  are used to generate the binary excitation mode 16 
factor, mod_extC , and the gain smoothing factor, Eβ . 17 

The parameters described above are used for the proper update of the long-term average 18 
maxI . 19 

For each subframe, the frame class FRC  is multiplied by mod_extC  to generate the subframe- 20 
modified class, mod_subC . Further, if 2=noisyVF , mod_subC  is also set to 2. 21 

 22 
23 
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5.6.11 Principles and Algorithms for Pulse Codebook Search  1 
The fixed-codebook contribution is obtained by a search through several sub-codebooks 2 
(with the exception of Rate 1 type-1 frames), and by choosing the best contribution (pulse 3 
location and signs, or random vector) and the sub-codebook that contains that best 4 
contribution. Three sub-codebooks of pulse structure are used for Rate 1 type-0 frames. A 5 
single codebook of pulse structure is used for Rate 1 type-1 frame. Two sub-codebooks of 6 
pulse structure and a Gaussian sub-codebook are used for Rate 1/2 type-0 frames. Three 7 
sub-codebooks of pulse structure are used for Rate 1/2 type-1 frames.  8 

5.6.11.1 Analysis-by-Synthesis Approach for Fixed-Codebook Contribution 9 
The sub-codebooks are searched for the best fixed-codebook contribution. The best 10 
sub-codebook, and the best combination of pulses (or random excitation) in the chosen 11 
sub-codebook, are selected for the fixed-codebook contribution. The selection between the 12 
sub-codebooks is based on a distance measure that combines the minimization of the mean 13 
squared error between the filtered excitation and the target signal (known as closed-loop 14 
analysis-by-synthesis approach) and a set of perceptual criteria. 15 
The analysis-by-synthesis approach require finding the fixed-codebook excitation vector, c , 16 
which minimizes the mean-square error measure (the time domain index, n , is omitted in 17 
the following equations): 18 

2
gHcTg −=ε

  (5.6.11.1-1) 
19 

where H  is the lower-triangular matrix, where each column includes the impulse 20 
response, with the first element on the diagonal. It is well known that by solving Equation 21 
(5.6.11.1-1) for the optimal gain and substituting the optimal gain into Equation 22 
(5.6.11.1-1), it can be shown that the minimizing iε  is equivalent to maximizing: 23 

( )( ) ( )( )
HcHc

cTH

Hc

HcT
TT

T
g

TT
g

2

2

2

~ ==ε
 (5.6.11.1-2) 

24 

If we define ( )T
g

T
Tg THb =  and Hcy = : 25 

( )
yy

cb
T

Tg
2

~ =ε
. (5.6.11.1-3) 

26 

 
27 

5.6.11.2 Principles of Iterative Search Procedure for Pulse Sub-Codebooks 28 
The fixed-codebook search for the pulse sub-codebooks (or a codebook) is based on an 29 
iterative algorithm. The algorithm searches for the best pulse position of each pulse or a 30 
pair of pulses, while keeping all the other pulses at their previously determined positions. 31 
After the locations for all the pulses in a particular sub-codebook are searched, the 32 
procedure can be repeated for further refinement of the pulse locations. The repeated 33 
refinement is called “a turn”. During turn 0, the initial locations for the pulses in the sub-34 
codebook are determined.  35 
The fast-search iterative algorithm is based on the linearity of the elements in the 36 
numerator and the denominator. Let the vector _c  to include all the other pulses in the 37 
sub-codebook, except of the thi  pulse, i.e., ii pcc += _ , where ip  is a vector that includes 38 
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a single pulse at the location ij  and zeros elsewhere. Define __ Hcy = , then iHpyy += _ . 1 
Equation (5.6.11.1-3), for the additional thi  pulse, can be written as: 2 

( ) ( )[ ]
( ) ( )

( )[ ]
( ) 2_2_

2_

__

2_

2

2

2

~

ii
T

iTgTg

i
T

i

iTgTg
i

HpHpyy

pbcb

HpyHpy

pcb

y

cb

++

+
=

=
++

+
==ε

 (5.6.11.2-1) 
3 

The fast search algorithm is based on the pre-calculation of the terms iTg pb , iHp , and 4 
2

iHp  for any possible pulse location in the subframe. The evaluation of numerator and 5 

the denominator of iε~  requires only the calculation of the correlation between _y  and iHp , 6 
and 3 additions.  7 
 8 

5.6.11.3 Updates of Pulse Contributions 9 
When the best pulse is chosen, its contribution should be added to the overall pulse 10 
contribution, prior to the search for the next pulse to create the terms update

iy  and 11 

( )update
iTg cb . (If all the pulses in the sub-codebook are included, yyupdate

i =  and 12 

( ) ( )cbcb Tg
update
iTg = ). On the other hand, at each search for a new possible location for a 13 

specific pulse, the contribution of that pulse at its old location should be removed.  The 14 
addition or the subtraction of the pulse contribution is done, simply, by: 15 

i
update
i Hpyy += _

  (5.6.11.3-1) 
16 

i
update
i Hpyy −=_

 (5.6.11.3-2) 
17 

( ) ( ) iTgTg
update
iTg pbcbcb += _

 (5.6.11.3-3) 
18 

( ) ( ) iTg
update
iTgTg pbcbcb −=_

 (5.6.11.3-4) 
19 

 20 

5.6.11.4 Concept of Pitch Enhancement for Pulse Codebooks 21 
Each pulse in the pulse codebook is called a main pulse. Each main pulse can be repeated 22 
within the subframe, with an appropriate gain factor, on intervals corresponding to the 23 
pitch lag of the subframe. Pulse insertion after the main pulse is called forward pitch 24 
enhancement, and pulse insertion before the main pulse is called backward pitch 25 
enhancement. The pre-calculation of iTg pb , iHp , and 

2
iHp  include both the forward 26 

pitch enhancement and the backward pitch enhancement. Note, in particular, that if only 27 
forward pitch enhancement was used, a single vector, which includes the forward pitch-28 
enhanced impulse response of a pulse at the beginning of the frame, would be sufficient to 29 
represent iHp  with a shift of that vector, and the term ( ) i

T Hpy _  could be easily calculated. 30 
However, since the backward pitch enhancement includes non-causal contributions, up to 31 
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4 different vectors are needed to be pre-calculated to represent iHp , depending on the pitch 1 
lag of the subframe. (The maximal subframe length is 80, but in that case the minimum pitch 2 
lag is 21, hence the maximal number of different vectors is 4.) The appropriate 3 
representative vector is selected according to the index of the main pulse and the pitch lag 4 
of the subframe. The representative vectors are denoted by 0, ,3m

pH m = K  where m  5 

indicates the number of backward pitch enhancement pulses. Note that not all m
pH  need to 6 

be calculated, and the number depends on the subframe size and the pitch lag for the 7 
subframe 8 
 9 

5.6.11.5 Pre-Calculation Procedure 10 
Routine name:  FCS_PreCalc_FBCB 11 
 12 
Input: 13 

• Target signal, )(nTg  14 

• Impulse response vector (possibly modified), )(ˆ nhimp  15 

• Integer pitch lag for the subframe, p
INTl  16 

• Modified pitch gain, aĝ   (see Section 5.6.13.2 and 5.6.14.2) 17 

 18 
The pitch enhancement coefficients are calculated by: 19 

( ) 4,,0ˆ)( K== mgmP m
amag  (5.6.11.5-1) 

20 

The representative vectors for iHp  are calculated as follows. The vector 0
pH  is obtained by: 21 

( ) 1,,0ˆ)()(
4

0

0 −=⋅−⋅= ∑
=

SF
m

p
INTimpmagp LjlmjhmPjH K

 (5.6.11.5-2) 
22 

where )(ˆ jhimp  is a causal impulse response. The vectors 4,,1K=mH m
p  are obtained 23 

recursively using: 24 

( ) 1,,0)(ˆ)()( 1 −=⋅+−= −
SFimpmag

p
INT

m
p

m
p LjjhmPljHjH K

 (5.6.11.5-3) 
25 

Note that 4,,1K=mH m
p  are not evaluated if SF

p
INT Llm ≥⋅ .  26 

An auxiliary function, targeted for computation reduction during the search, is calculated 27 
as: 28 

1,,0)1(for)( −=⋅+<≤⋅= SF
p
INT

p
INTm LjlmjlmmjP K

 (5.6.11.5-4) 
29 

The weighted filtered target signal is obtained by: 30 

1,,0)(ˆ)()(
1

−=−⋅= ∑
−

=
SF

L

jn
impgTg LjjnhnTjb

SF

K
 (5.6.11.5-5) 

31 
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The pitch enhanced iTg pb  is calculated for each index in the subframe ( ip  such that 1 
iji = ) by: 2 

( ) SF
p
INTSF

m

p
INTTgmagiTg LlmiLilmibmPpb <⋅+≤−=⋅+⋅= ∑

−=

0;1,,0,)(
5

5
K

. 
3 

 (5.6.11.5-6) 
4 

The signs of iTg pb  are saved in a sign array for each i  in the subframe according to: 5 

01
01

≤−=
>=

iTgi

iTgi

pbS
pbS

 (5.6.11.5-7) 
6 

The pitch enhanced iTg pb  is then modified to its absolute value for each i  in the subframe. 7 

The energy of the pitch-enhanced and filtered pulse contribution, 
2

iHp , is obtained for 8 
each index in the subframe ( ip  such that iji = ) by: 9 

( ) 1,,0)(
)(1

0

2)(2 −== ∑
⋅+−−

=
SF

liPiL

l

iP
pi LilHHp

p
INTmSF

m K
  (5.6.11.5-8) 

10 

using a recursive calculation procedure. 11 

An alternate method of computing the filtered codebook energy factor, 
2y  in equation 12 

5.6.11.2-1, uses the correlation matrix of the impulse response, Φ , whose elements are 13 
defined by 14 

( ) ( ) ( )
( )( ) ( )( )( )

( ) ( ) SFSF
jP

p

L

ljPjliPiMAXl

iP
p LjLijlHilHji m

SF

P
INTm

P
INTm

m <≤<≤−−= ∑
−

−−=

0 and 0  ;   ,
1

.,.

φ
 

15 

 (5.6.11.5-9) 
16 

 17 
 18 

5.6.11.6 An Iterative Algorithm Based on Position Search for a Single Pulse  19 
Routine name:  FCS_Fast_Search_FBCB 20 
 21 
The iterative algorithm based on position search for a single pulse achieves an initial 22 
positioning or re-evaluation of all the pulse locations in the sub-codebook by searching for 23 
the best location of a single pulse at a time. The algorithm can perform any number of 24 
turns for further refinements of all pulse locations. At each turn, the best location for each 25 
pulse in the sub-codebook is searched while keeping the previous locations for all the other 26 
pulses in the sub-codebook. At the first turn the pulses are added sequentially, where the 27 
first pulse is positioned independently of the other pulses, the second pulse is added to the 28 
sub-codebook vector while retaining the first pulse, and so on, until the last pulse in the 29 
sub-codebook is positioned. 30 
 31 

5.6.11.6.1 Initialization of the Search Parameters  32 



 C.S0030-0 v3.0 

 163  

If the iterative algorithm is called for an initial positioning of the first pulse in the sub-1 
codebook (first turn), the search parameters, ( )update

Tg cb  and updatey , are initialized to: 2 

( ) 0=update
Tg cb

 (5.6.11.6-1) 
3 

1,,00)( −== SF
update Ljjy K

 (5.6.11.6-2) 
4 

If the iterative algorithm is called for a refinement of previously set of positions, the search 5 
parameters are initialized to:  6 

( ) ∑=
iP

iTg
update

Tg pbcb
 (5.6.11.6-3) 

7 

( )∑ −=⋅+−⋅=
i

m

p
SF

p
INTm

iP
pi

update LjliPijHSjy 1,,0)()( )( K
 (5.6.11.6-4) 

8 

where i  runs over all the previously chosen pulses in the sub-codebook. 9 
 10 

5.6.11.6.2 The Search Procedure 11 

The search procedure is structured of three nested loops. The external loop progresses the 12 
turns for further refinement of an already established set of pulse locations. The 13 
intermediate loop progresses sequentially from the first pulse to the last pulse in the sub-14 
codebook, and refines the location of each individual pulse (tested pulse). Before the 15 
internal loop is entered, the contribution of the tested pulse in its previous location is 16 
removed from the search parameters as described in Section 5.6.11.3 by Equations 17 
(5.6.11.3-2) and (5.6.11.3-4). 18 

In the internal search loop, iε~  is evaluated for all the possible track locations for the tested 19 
pulse. The error measure iε~  is evaluated using the procedure described in Section 5.6.11.2 20 
by Equation (5.6.11.2-1). The location *i  that maximizes iε~  is selected. 21 

At the end of inner loop, the contribution of the tested pulse at the selected position is 22 
added to the search parameters as described in Section 5.6.11.3 by Equations (5.6.11.3-1) 23 
and (5.6.11.3-3). 24 

Alternatively, the filtered codebook energy factor, 
2y  in Equation 5.6.11.2-1 can be 25 

computed as 26 
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 (5.6.11.6-5) 
27 

where pN  is the number of pulses in the code-vector. It can be noted that the above 28 
equation is a general equation and the actual computation can be efficiently performed 29 
using a set of partial summations as the pulses are searched iteratively. 30 
 31 

5.6.11.6.3 Building the Pulse Excitation 32 

After the final turn of sub-codebook refinement has been completed, the pulse excitation, 33 
including the forward and the backward pitch enhancement pulse, is constructed, 34 
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according to the selected pulse locations, the subframe pitch lag p
INTl , and the pitch 1 

enhancement coefficients magP . 2 

 3 

5.6.11.7 An Iterative Algorithm Based on Joint Position Search for Two Pulses  4 
Routine name:  FCS_Fast_Search_FBCB2 5 
The iterative algorithm that is based on a joint position search for two pulses achieves an 6 
initial positioning or re-evaluation of all the pulse locations in the sub-codebook by jointly 7 
searching for the best locations of two pulses at a time. The algorithm can perform any 8 
number of turns for further refinements of all pulse locations. At each turn, the best 9 
locations for two pulses in the sub-codebook are searched while keeping the previous 10 
locations for all the other pulses in the sub-codebook. At the first turn pairs of pulses are 11 
added to the fixed-codebook contribution sequentially, where the first pair of pulses is 12 
positioned independently of the other pulses, the second pair is added, and so on, until the 13 
last pair in the sub-codebook is positioned. 14 
Note that each turn in the joint search for two pulses is of higher computational complexity 15 
than is the search for a single pulse, but pre-search procedure can be used to limit the 16 
search complexity while keeping the advantages of the joint search. 17 
 18 

5.6.11.7.1 Initialization of the Search Parameters  19 

The initialization of the search parameters, for the case of the first turn or any sequential 20 
turn is performed exactly as described in Section 5.6.11.6.1 above. 21 
 22 

5.6.11.7.2 Pre-Search for 2-Pulse Sub-Codebook 23 

To reduce the search complexity in the case of 2-pulse sub-codebook (used for Rate 1/2 24 
frames, see Section 5.6.14.1), a low-complexity pre-search procedure is performed to 25 
identify a set of candidates for further search. The number of pre-search candidates 26 
depends on the frame type and the subframe pitch lag, p

INTl , according to: 27 
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 (5.6.11.7-1) 

28 

The pre-search identifies the preN  pulse locations in each of the two tracks that maximize 29 
the error criterion: 30 

( )
2

2

i

iTg
i

Hp

pb
=ε)

 (5.6.11.7-2) 
31 

 
32 

5.6.11.7.3 Pre-Search for 3-Pulse Sub-Codebook 33 
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The pre-search for the 3-pulse sub-codebook positions only the main pulse by maximizing 1 
the same error criterion of Equation (5.6.11.7-2) above. After the main pulse is positioned, 2 
the tracks for the second and the third pulse are dynamically allocated. See Section 3 
5.6.14.1 for the details of the 3-pulse dynamic tracks. Note that the main pulse location is 4 
not modified any further. 5 
 6 

5.6.11.7.4 The Search Procedure 7 

The search procedure is structured of four nested loops. The external loop progresses the 8 
turns for further refinement of an already established set of pulse locations. The second 9 
loop progresses on an arranged set of two pulses in the sub-codebook at a time, and refines 10 
the locations of the two pulses in the set (tested pulse pair). Before the internal loop is 11 
entered, for turn 1 or higher, the contributions of the tested pulse pair in their previous 12 
locations are removed from the search parameters in Section 5.6.11.3 by Equations 13 
(5.6.11.3-2) and (5.6.11.3-4). 14 
The two internal search loops are performed on either all the possible track locations for 15 
the tested pulse pair, or on the pre-selected possible track locations for the tested pulse 16 
pair. The order of the two loops is structured such that the internal loop is performed for 17 
the pulse with the larger number of possible track locations. At the outer loop for the first 18 
pulse, which runs on all possible locations for this pulse, indexed by 1i , the search 19 
parameters are temporarily updated with the update procedure described in Section 20 
5.6.11.2 by Equation  (5.6.11.2-1), using 

1iTg pb , 
1i

Hp , and 
2

1i
Hp . In the inner loop for the 21 

second pulse, indexed 2i , the search parameters are updated using 
2iTg pb , 

2i
Hp , and 22 

2

2i
Hp . The error measure 

21 ,
~

iiε  is evaluated using the temporarily updated search 23 

parameters, and the locations *
1i  and *

2i  that maximize 
21 ,

~
iiε  are selected.  24 

After the inner two loops are completed, in order to prepare the search parameters for the 25 
next pair search, the contribution of the tested pulse pair at their newly selected positions 26 
is added to the previous search parameters as described in Section 5.6.11.3 by Equations 27 
(5.6.11.3-1) and (5.6.11.3-3). 28 

Alternatively, the filtered codebook energy factor, 
2y  in Equation 5.6.11.2-1 can be 29 

computed as 30 

( ) ( )∑ ∑∑
−

=

−

+=

−

=

+=
2

0

1

1

1

0

2 ,2,
p pp N

k

N

kl
lklk

N

k
kk ppSSppy φφ

 (5.6.11.7-3) 
31 

where pN  is the number of pulses in the code-vector. It can be noted that the above 32 
equation is a general equation and the actual computation can be efficiently performed 33 
using a set of partial summations as the pulses are searched iteratively. 34 
 35 

5.6.11.7.5 Building the Pulse Excitation 36 

After the final turn of sub-codebook refinement has been completed the pulse excitation, 37 
including the forward and the backward pitch enhancement pulse, is constructed, 38 
according to the selected pulse locations, the subframe integer pitch lag p

INTl , and the pitch 39 
enhancement coefficients magP . 40 
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 1 

5.6.11.8 Joint Position Search for Five Pulses 2 
Routine name:  FCS_Full_Search_FBCB_5p 3 
 4 
For Rate 1/2 type-1 frames, a special 5-pulse sub-codebook, described in Table 5.6-8, is 5 
used. The locations for the 5 pulses are searched with a joint positioning search. The joint 6 
positioning search includes 5 nested loops, which test all possible locations for the 5 7 
pulses. For each pulse, indexed by i , the contribution to search parameters is added are 8 
temporarily with the update procedure described in Section 5.6.11.2 by Equation 9 
(5.6.11.2-1), using iTg pb , iHp , and 

2
iHp . The error measure 

54321 ,,,,
~

iiiiiε  is evaluated using 10 

the updated search parameters, and the locations *
1i , *

2i , *
3i , *

4i  and *
5i  that maximize 11 

54321 ,,,,
~

iiiiiε  are selected.  12 
 13 

14 



 C.S0030-0 v3.0 

 167  

5.6.12 Gaussian Codebook Search 1 
Routine name:  GCB_gauss_cb 2 
 3 
The Gaussian codebook is searched in a closed-loop manner in order to minimize the 4 
perceptual mean-squared error between the original and the reconstructed speech. The 5 
Gaussian excitation vector is constructed from two orthogonal basis vectors, where the first 6 
basis vector contains all of the even sample points in the sub-frame, and the second basis 7 
vector contains all of the odd sample points; hence, each basis vector is of dimension 40, 8 
and the same pseudo Gaussian codebook is used for the two basis vectors. For each basis 9 
vector, 54 candidates are considered, and 1 bit is used to specify the sign. This results in 10 
11664 entries, which are specified by 13 bits plus the unused index space of the 2-pulse 11 
codebook, i.e. 3472 entries. 12 
In order to reduce the complexity two candidates are pre-selected in an open-loop approach 13 
for each basis vector, by maximizing the cross correlation functions )(1 lRG  and )(2 lRG , 14 
respectively:  15 
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17 

where )(nIexc is the ideal excitation after removal of the contribution from the adaptive 18 
codebook, and )(, ncl

unfGa  53,...,0=l  is the candidate excitation vectors from the Gaussian 19 
codebook. The same codebook is used for both basis vectors. The signs of the candidate 20 
vectors ( ))(1 lRsign G  and ( ))(2 lRsign G  are determined as the sign of the correlation functions 21 

)(1 lRG  and )(2 lRG  for the respective candidate vectors. The final candidate is determined 22 
among the four possible combinations of the pre-selected candidates for the two basis 23 
vectors by maximizing 24 

( )
)1(),0(     )1(),0(          

)(

)()(
),( 2221111

0

2,
,

21

0

,
,

21
21

21

LLlLLl
nc

ncnT
llR

SF

SF

L

j

ll
fGa

L

j

ll
fGag

G ==








⋅

=

∑

∑
−

=

−

=

  
25 

 (5.6.12-3) 
26 

where )1(),0( 11 LL  and )1(),0( 22 LL  specifies the candidate vectors for the two basis vectors 27 
and )(21 ,

, nll
fGa is the result of the convolution between )(nhimp  and the Gaussian code vector 28 

)(21 ,
, nc ll
unfGa  reconstructed according to: 29 
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5.6.13 Fixed-codebook Contribution for Rate 1 1 
 2 

5.6.13.1 Fixed-codebook Structure for Rate 1 3 
The fixed-codebook contribution for Rate 1 type-0 frames comprises 3 sub-codebooks, each 4 
of 5 pulses. The 3 sub-codebooks differ in the tracks for the 5 pulses, and only one of the 3 5 
sub-codebooks is selected and used. The fixed-codebook contribution for Rate 1 type-1 6 
frames is a single codebook of 8 pulses. 7 
The following tables give the tracks for the three 5-pulse sub-codebooks for type-0 frames, 8 
and the tracks for the single 8-pulse codebook for type-1 frames. 9 
 10 

 Track locations in a 40-sample subframe (type-0 frames) # of bits 

Pulse 1 1, 3, 6, 8, 11, 13, 16, 18, 21, 23, 26, 28, 31, 33, 36, 38 4 

Pulse 2 4, 9, 14, 19, 24, 29, 34, 39 3 

Pulse 3 1, 3, 6, 8, 11, 13, 16, 18, 21, 23, 26, 28, 31, 33, 36, 38 4 

Pulse 4 4, 9, 14, 19, 24, 29, 34, 39 3 

Pulse 5 0, 2, 5, 7, 10, 12, 15, 17, 20, 22, 25, 27, 30, 32, 35, 37 4 

Table 5.6-2: Tracks for the 1st 5-Pulse Sub-Codebook for Rate 1 Type-0 Frames 11 

Since Pulse 1 and Pulse 3 share the same track, the sign information for both tracks can be 12 
represented with a single bit (using the order of the pulse locations). Since Pulse 2 and 13 
Pulse 4 also share the same track, their sign information can also be represented with a 14 
single bit. The sign of Pulse 5 is represented by a single bit. The number of bits for the 15 
representation of the 1st 5-pulse sub-codebook for Rate 1 type-0 frames is 21. 16 
 17 

 Track locations in a 40-sample subframe (type-0 frames) # of bits 

Pulse 1 0, 1, 2, 3, 4, 6, 8, 10 3 

Pulse 2 5, 9, 13, 16, 19, 22, 25, 27 3 

Pulse 3 7, 11, 15, 18, 21, 24, 28, 32 3 

Pulse 4 12, 14, 17, 20, 23, 26, 30, 34 3 

Pulse 5 29, 31, 33, 35, 36, 37, 38, 39 3 

Table 5.6-3: Tracks for the 2nd 5-Pulse Sub-Codebook for Rate 1 Type-0 Frames 18 
Since each pulse has an individual sign, the number of bits used to represent the 2nd 19 
5-pulse sub-codebook for Rate 1 type-0 frames is 20. 20 
 21 

 Track locations in a 40-sample subframe (type-0 frames) # of bits 

Pulse 1 0, 1, 2, 3, 4, 5, 6, 7 3 

Pulse 2 8, 9, 10, 11, 12, 13, 14, 15 3 

Pulse 3 16, 17, 18, 19, 20, 21, 22, 23 3 

Pulse 4 24, 25, 26, 27, 28, 29, 30, 31 3 
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Pulse 5 32, 33, 34, 35, 36, 37, 38, 39 3 

 1 
Table 5.6-4: Tracks for the 3rd 5-Pulse Sub-Codebook for Rate 1 Type-0 Frames 2 

Since each pulse has an individual sign, the number of bits used to represent the 2nd 3 
5-pulse sub-codebook for Rate 1 type-0 frames is 20. 4 
 5 

 Track locations in a 40-sample subframe (type-1 frames) # of bits 

Pulse 1 0, 2, 5, 7, 10, 12, 15, 17, 20, 22, 25, 27, 30,32, 35, 37 4 

Pulse 2 1, 6, 11, 16, 21, 26, 31, 36 3 

Pulse 3 3, 8, 13, 18, 23, 28, 33, 38 3 

Pulse 4 4, 9, 14, 19, 24, 29, 34, 39 3 

Pulse 5 0, 2, 5, 7, 10, 12, 15, 17, 20, 22, 25, 27, 30, 32, 35, 37 4 

Pulse 6 1, 6, 11, 16, 21, 26, 31, 36 3 

Pulse 7 3, 8, 13, 18, 23, 28, 33, 38 3 

Pulse 8 4, 9, 14, 19, 24, 29, 34, 39 3 

 6 
Table 5.6-5: Tracks for the 8-Pulse Codebook for Rate 1 Type-1 Frames 7 

Since the each pulse shares a track with another pulse, the sign information for both 8 
pulses can be represented with a single bit, and the number of bits used to represent the 9 
8-pulse codebook for Rate 1 type-1 frames is 30 bits. 10 
 11 

5.6.13.2 Fixed-codebook Search for Rate 1 12 
Routine name:  FCS_cdbk_search_8500BSP 13 
 14 
Input: 15 

• Target signal, )(nTg  16 

• Impulse response, )(nhimp  17 

• Ideal excitation, )(nIext  18 

• Integer pitch lag, p
INTl  19 

• Pitch gain, ag  (for type-1 frames the pitch gain is quantized pitch gain for the 20 
subframe, for type-0 frames the pitch gain is the quantized pitch gain of the 21 
previous subframe) 22 

• Subframe-modified class, mod_subC  23 

• Noise-to-signal ratio, NSR  24 

• Normalized pitch correlation, wgt
pR  25 
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Output: 1 

• Unfiltered fixed-codebook excitation, )(nc fix
unf  2 

 3 

For Rate 1, the impulse response is not modified, and )(ˆ nhimp  used in Section 5.6.11.5 is 4 
identical to )(nhimp , as defined in Section 5.6.2. 5 

 6 

5.6.13.2.1 Pitch Enhancement Gain and Pre-Calculation of Search Parameters 7 

The pitch gain used for pitch enhancement is obtained as: 8 
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9 

aĝ  is further modified according to the frame type according to: 10 
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11 

.The search parameters are pre-calculated, as described in Section 5.6.11.5. 12 
 13 

5.6.13.2.2 Fixed-codebook Search for Type-0 Frames  14 

The two 5-pulse sub-codebooks, described in Table 5.6-2 and Table 5.6-3, are searched, 15 
each with a single search turn, using the iterative search algorithm based on a position 16 
search for a single pulse at a time, described in Section 5.6.11.6. The sub-codebook that 17 
results in the maximum error criterion (minimum error) ε~ is selected, with its combination 18 
of 5 pulses.   19 
The criterion is then weighted, based on the sharpness of the ideal excitation, the signal-to-20 
noise ratio, and the subframe-modified class.   21 
The third 5-pulse sub-codebook described in Table 5.6-4 is searched, using the iterative 22 
search algorithm based on a position search for a single pulse at a time, described in 23 
Section 5.6.11.6, and its error criterion is compared to the weighted criterion from the 24 
previous step. If the criterion from the third sub-codebook is larger than the weighted 25 
criterion, the third sub-codebook is chosen; otherwise, the best of the two first sub-code-26 
books is chosen.  27 
The pulse locations in the selected sub-codebook are further refined with 3 more turns, 28 
using the iterative search algorithm based a on joint position search for two pulses, 29 
described in Section 5.6.11.7. If the 1st 5-pulse sub-codebook, described in Table 5.6-2, is 30 
chosen, the redundancy in the representation of two pulses with two signs on identical 31 
tracks is removed between track1 1 and track 3 and between track 2 and track 4, by 32 
exchanging the pulse locations according to the individual pulse signs, after the final 33 
refinement turn.    34 

The fixed-codebook contribution, )(nc fix
unf , is reconstructed by placing the pulses at the 35 

selected positions with the selected signs, and the addition of pitch enhancements pulses.  36 
 37 
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5.6.13.2.3 Fixed-codebook Search for Type-1 Frames 1 

The 8-pulse codebook is first searched with 2 turns of the iterative search algorithm that is 2 
based on a joint position search for two pulses described in Section 5.6.11.7. The pulse 3 
locations are further refined with 3 more turns of the iterative search algorithm based on 4 
position search for a single pulse, described in Section 5.6.11.6. The redundancy in the 5 
representation of two pulses with two signs on identical tracks is removed between track 1 6 
and track 5, track 2 and track 5, track 3 and track 6, and track 4 and track 8, by 7 
exchanging the pulse locations according to the individual pulse signs, after the final 8 
refinement turn. 9 
 10 
 11 
 12 
 13 

14 
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5.6.14 Fixed-codebook Contribution for Rate 1/2 1 
 2 

5.6.14.1 Fixed-codebook Structure for Rate 1/2  3 
The fixed-codebook contribution for Rate 1/2 type-0 frames comprises 3 sub-codebooks, 4 
one of 2 pulses, the second of 3 pulses, and the third of random excitation. The fixed- 5 
codebook contribution for Rate 1/2 type-1 frames also comprises 3 sub-codebooks; the first 6 
of 2 pulses, the second is of 3 pulses, and the third of 5 pulses. 7 
The following tables give the tracks for the 2-pulse sub-codebook for type-0 frames, and the 8 
tracks for the 2-pulse and the 5-pulse sub-codebook for type-1 frames. 9 
 10 

 Track locations in an 80-sample subframe (type-0 frames) # of bits 

Pulse 1 0, 1, 2, 3, 4, 5, 6, 7, 8, 9, 10, 11, 12, 13, 14, 15, 16, 17, 
18, 19, 20, 21, 22, 23, 24, 25, 26, 27, 28, 29, 30, 31, 32, 
33, 34, 35, 36, 37, 38, 39, 40, 41, 42, 43, 44, 45, 46, 47, 
48, 49, 50, 51, 52, 53, 54, 55, 56, 57, 58, 59, 60, 61, 62, 
63, 64, 65, 66, 67, 68, 69, 70, 71, 72, 73, 74, 75, 76, 77, 
78, 79 

6.5 

Pulse 2 0, 1, 2, 3, 4, 5, 6, 7, 8, 9, 10, 11, 12, 13, 14, 15, 16, 17, 
18, 19, 20, 21, 22, 23, 24, 25, 26, 27, 28, 29, 30, 31, 32, 
33, 34, 35, 36, 37, 38, 39, 40, 41, 42, 43, 44, 45, 46, 47, 
48, 49, 50, 51, 52, 53, 54, 55, 56, 57, 58, 59, 60, 61, 62, 
63, 64, 65, 66, 67, 68, 69, 70, 71, 72, 73, 74, 75, 76, 77, 
78, 79 

6.5 

 11 
Table 5.6-6: Tracks for the 2-Pulse Sub-Codebook for Rate 1/2 Type-0 Frames  12 

Since 5.6...322.6)80(log2 <= , the locations of both pulses are combined and coded with 13 
135.62 =⋅  bits. Moreover, since Pulse 1 and Pulse 2 share the same track, the sign 14 

information for both tracks can be represented with a single bit. The number of bits for the 15 
representation of the 2-pulse sub-codebook for Rate 1/2 type-0 frames is 14. 16 
 17 

 Track locations in a 53/54-sample subframe (type-1 frames) # of bits 

Pulse 1 0, 1, 2, 3, 4, 5, 6, 7, 8, 9, 10, 12, 14, 16, 18, 20, 22, 24, 26, 
28, 30, 32, 34, 36, 38, 40, 42, 44, 46, 48, 50, 52 

5 

Pulse 2 1, 3, 5, 7, 9, 11, 12, 13, 14, 15, 16, 17, 18, 19, 20, 21, 22, 
23, 25, 27, 29, 31, 33, 35, 37, 39, 41, 43, 45, 47, 49, 51 

5 

 18 
Table 5.6-7: Tracks for the 2-Pulse Sub-Codebook for Rate 1/2 type-1 frames  19 

The signs for each pulse are represented individually, and the total number of bits for the 20 
representation of the 2-pulse sub-codebook for Rate 1/2 type-1 frames is 12. 21 
 22 

 Track locations in a 53/54-sample subframe (type-1 frames) # of bits 

Pulse 1 0, 15, 30, 45 2 
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Pulse 2 0, 5 1 

Pulse 3 10, 20 1 

Pulse 4 25, 35 1 

Pulse 5 40, 50 1 

 1 
Table 5.6-8: Tracks for the 5-pulse Sub-Codebook for Rate 1/2 Type-1 Frames  2 

The signs for each pulse are represented individually, and the total number of bits for the 3 
representation of the 5-pulse sub-codebook for Rate 1/2 type-1 frames is 11. 4 
The 13-bit 3-pulse sub-codebook for type-0 frames and the 11-bit 3-pulse sub-codebook for 5 
type-1 frames are constructed dynamically, where the tracks for the second and the third 6 
pulse depend on the location of the first pulse. The following tables give the fixed tracks for 7 
the first pulse for both sub-codebooks.  8 
 9 

 Track locations in a 80-sample subframe (type-0 frames) # of bits 

Pulse 1 0, 5, 10, 15, 20, 25, 30, 35, 40, 45, 50, 55, 60, 65, 70, 75 4 

 10 
Table 5.6-9: Track for the First Pulse in the 3-Pulse Sub-Codebook for Rate 1/2 type-0 11 

Frames 12 
 13 

 Track locations in a 53/54-sample subframe (type-1 frames) # of bits 

Pulse 1 3, 6, 9, 12, 15, 18, 21, 24, 27, 30, 33, 36, 39, 42, 45, 48 4 

 14 
Table 5.6-10: Track for the First Pulse in the 3-Pulse Sub-Codebook for Rate 1/2 15 

Type-1 Frames  16 
The tracks for the 2nd pulse and the 3rd pulse are constructed in a small interval around the 17 
location of the first pulse. The length of the interval is 16 samples for type-0 frames and 8 18 
samples for type-1 frames. The interval is positioned with the first pulse in the middle, but 19 
if the first pulse is closer to the subframe boundaries, the interval is adjusted to be fully 20 
included in the subframe. The 2nd pulse and the 3rd pulse are located on alternating even 21 
and odd locations to the left of the first pulse with reverse odd and even locations to the 22 
right of the first pulse.  23 
Since 3 bits are used for the 2nd pulse and the 3rd pulse for type-0 frames, and since the 24 
signs of each pulse are represented individually, the total number of bits for the 25 
representation of the 3-pulse sub-codebook for Rate 1/2 type-0 frames is 13. 26 
Since 2 bits are used for the 2nd pulse and the 3rd pulse for type-1 frames, and since the 27 
signs of each pulse are represented individually, the total number of bits for the 28 
representation of the 3-pulse sub-codebook for Rate 1/2 type-1 frames is 11. 29 
 30 

5.6.14.2 Fixed-codebook Search for Rate 1/2  31 
 32 
Routine name: FCS_cdbk_search_4000BPS 33 
 34 
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Input: 1 

• Adaptive codebook, )(nC adp  2 

• Quantized and interpolated prediction coefficients, )(ˆ na q
m  3 

• Target signal, )(nTg  4 

• Impulse response, )(nhimp  5 

• Ideal excitation, )(nIext  6 

• Integer pitch lag, p
INTl  7 

• Pitch gain, ag  (for type-1 frames the pitch gain is quantized pitch gain for the 8 
subframe, for type-0 frames the pitch gain is the quantized pitch gain of the 9 
previous subframe) 10 

• Subframe-modified class, mod_subC  11 

• Noise-to-signal ratio, NSR  12 

• Normalized pitch correlation, wgt
pR  13 

• Previous frame rate, prvRate  14 

• LPC prediction gain from quantized parameters of the first subframe, LPC
qG ,0  15 

Output: 16 

• Unfiltered fixed-codebook excitation, )(nc fix
unf  17 

 18 
The fixed-codebook search for Rate 1/2 incorporates three codebook enhancements, in 19 
addition to the pitch enhancement described in Section 5.6.11.4. The codebook 20 
enhancement is incorporated into the impulse response, by modifying )(nhimp  (Section 21 

5.6.2) to form )(ˆ nhimp , used in Section 5.6.11. 22 

 23 

5.6.14.2.1 Parameters of Formant Correction Filter and Stability Index 24 

A weighing parameter, corrα , is set according to the LPC prediction gain from quantized 25 
parameters of the first subframe, LPC

qG ,0  (Section 5.3.25) 26 
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 (5.6.14.2-1) 
27 

 The parameters for an all-pole filter are obtained (for the sub-frame indexed by m ) from 28 
the quantized and interpolated prediction coefficients )(ˆ ja q

m  by: 29 
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( ) 10,,1)(ˆ)( K=⋅= jjaja jcorrq
m

corr α
 (5.6.14.2-2) 

1 

At the first subframe, a stability index for the entire frame is calculated by: 2 
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3 

where prvLPC
qG ,

,0  is LPC
qG ,0  of the previous frame. If the coding rate is not Rate 1/2, tS  is set to 4 

0. 5 
 6 

5.6.14.2.2 Pulse Addition Based on Adaptive-codebook Correlations 7 

The weighted quantized prediction coefficients )(~ ja q
m  (for the sub-frame indexed by m ) are 8 

obtained from the quantized and interpolated prediction coefficients )(ˆ ja q
m  according to: 9 

10,,1)(ˆ)85.0()(~ K=⋅= jjaja q
m

jq
m  (5.6.14.2-4) 

10 

The 170 samples of the previously quantized and reconstructed excitation are filtered by 11 
the filter: 12 
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q
=

  (5.6.14.2-5) 
13 

where )(~ ja q
m  are the coefficients of )(~ zAq , to generate the weighted quantized excitation 14 

)(ncq
w . Note the previously quantized and reconstruction excitation for type-1 frames is 15 

comprised only of samples from the previous frames, while the previously quantized and 16 
reconstructed excitation for type-0 is comprised of samples from previous frames, as well as 17 
samples from previous subframes of the current frame. 18 
A set of correlation lags on the previously quantized and reconstructed excitation is 19 

constructed. If SF

p
INT L

l
<<

3
17 , the lags: 20 
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21 

are included in the set of correlation lags. Similarly, if SF

p
INT L

l
<<

4
17 , the lags: 22 
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 (5.6.14.2-7) 
23 

are included in the set of correlation lags. The set is then limited to include lags that are 24 
smaller than 6−p

INTl and smaller than SFL . The number of correlation lags is denoted C
wN , 25 

and the correlation lags by C
mL , C

wNm ,,1K= . The normalized correlation on the weighted 26 
previously reconstructed excitation is calculated by: 27 
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 (5.6.14.2-8) 
2 

The normalized correlations are further limited to the range 1)(0 ≤≤ mRC
w . 3 

If the current frame is type-1 and the previous frame was also Rate 1/2 type-1 frame, the 4 
correlations are normalized by: 5 

( ) C
wpt

C
w

C
w NmgSmRmR ,,11,ˆmin)(5.0)( K=⋅⋅⋅⇐

 (5.6.14.2-9) 
6 

Otherwise, the correlation is normalized by 7 
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 (5.6.14.2-10) 
8 

 
9 

5.6.14.2.3 Generating the Modified Impulse Response  10 

The modified impulse response )(ˆ nhimp  is generated from the impulse response )(nhimp . 11 
The correlation enhancement is performed by  12 

( ) 1,,0)()(
1

−=−⋅+=′ ∑
=

SF

N

m

C
mimp

C
wimpimp LnLnhmRhnh

C
w

K
 (5.6.14.2-11) 

13 

where )(nhimp  is zero for 0<i .  14 

The formant correction is performed by the filtering of )(nhimp′  by the zero-state all-pole 15 
filter: 16 

)(
1)(

zA
zH corr

corr =
 (5.6.14.2-12) 

17 

where the coefficients of )(zAcorr  were calculated in Section 5.6.14.2.1. 18 

The last modification of the impulse response is obtained by the convolution of output of 19 
the formant correction filter with a constant 20-sample dispersion vector, to generate 20 

)(ˆ nhimp . 21 

 22 

5.6.14.2.4 Pitch Enhancement Gain and Pre-Calculation of Search Parameters 23 

The pitch gain used for pitch enhancement is obtained as: 24 

{ }




=
frame 0-type75.0
frame 1-type1,min

ˆ a
a

g
g

 (5.6.14.2-13) 
25 

The search parameters are pre-calculated, as described in Section 5.6.11.5. 26 
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 1 

5.6.14.2.5 Fixed-codebook Search for Type-0 Frames  2 

The 2-pulse sub-codebook, described in Table 5.6-6, is searched with a first search turn 3 
with the iterative search algorithm based on joint position search for two pulses (Section 4 
5.6.11.7), and a second turn with iterative search algorithm based on position search for a 5 
single pulse (Section 5.6.11.6). The redundancy in the representation of two pulses with 6 
two signs on identical tracks is removed between track 1 and track 2, by exchanging the 7 
pulse locations according to the individual pulse signs.  8 
The criterion ε~  from the 2-pulse sub-codebook is weighted, as a function of the pitch lag 9 
and the normalized pitch correlation.  10 

Before the 3-pulse sub-codebook is searched, the modified pitch gain aĝ  is set to 0.25, and 11 
search parameters are pre-calculated again, as described in Section 5.6.11.5. The 3-pulse 12 
sub-codebook is then searched, using a single turn of the iterative search algorithm based 13 
on joint position search for two pulses.  14 
The maximum between the weighted criterion from the 2-pulse sub-codebook and the 15 
criterion from the 3-pulse sub-codebook selects which sub-codebook is chosen at this 16 
stage, with its best pulse locations and signs. 17 
The chosen criterion is weighted again, using the subframe-modified class, the sharpness 18 
of the ideal excitation, the normalized pitch correlation, the information of the pre-selected 19 
sub-codebook (3-pulse or 2-pulse), the noise-to-signal ratio, and the pitch lag. 20 
The Gaussian sub-codebook is searched last (Section 5.6.12), using the original impulse 21 
response, )(nhimp (Section 5.6.2). 22 

The weighted criterion from the previous search is compared to the criterion from the 23 
Gaussian sub-codebook, and the best sub-codebook is selected. 24 

The fixed-codebook contribution, )(nc fix
unf , is reconstructed. If the 2-pulse sub-codebook or 25 

the 3-pulse sub-codebook were selected, the codebook enhancement contributions are 26 
added to the reconstructed fixed-codebook contribution. 27 
 28 

5.6.14.2.6 Fixed-codebook Search for Type-1 Frames 29 

The 2-pulse sub-codebooks, described in Table 5.6-7, is searched with a first search turn 30 
with the iterative search algorithm based on a joint position search for two pulses (Section 31 
5.6.11.7), and a second turn with iterative search algorithm based on a position search for 32 
a single pulse (Section 5.6.11.6).  33 
The 3-pulse sub-codebook is searched next, using a single turn of the iterative search 34 
algorithm based on a joint position search for two pulses (Section 5.6.11.7). 35 
The maximum between the criterion from the 2-pulse sub-codebook and the criterion from 36 
the 3-pulse sub-codebook selects which sub-codebook is chosen at this stage, with its best 37 
pulse locations and signs. 38 
The chosen criterion is then weighted, using the subframe-modified class, the sharpness of 39 
the ideal excitation, and the noise-to-signal ratio. 40 
The 5-pulse sub-codebook is searched last using the joint position search described in 41 
Section 5.6.11.8. 42 
The weighted criterion from the previous search is compared to the criterion from the 5-43 
pulse sub-codebook, and the best sub-codebook is selected. 44 
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The fixed-codebook contribution, )(nc fix
unf , is reconstructed, and the codebook enhancement 1 

contributions are added to the reconstructed fixed-codebook contribution. 2 
 3 

5.6.15 Filtering of Fixed-Codebook Contribution 4 

The fixed-codebook vector, )(nc fix
unf , is convolved with the impulse response )(nhimp  to 5 

generate the filtered fixed-codebook vector, )(nc fix
f . 6 

 7 
8 
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5.6.16 Gain Re-optimization and Normalization for Rate 1/2 and Rate 1 1 
Routine name:  GEQ_gain_reopt_2 2 
Input: 3 

• Filtered adaptive-codebook vector, )(ncadp
f  4 

• Filtered fixed-codebook vector, )(nc fix
f  5 

• Target vector, )(nTgs  6 

Output: 7 

• Quantized fixed-codebook gain, cg  8 

 9 
The purpose of this module is to modify the target signal prior to the gain quantization. 10 
First a re-optimization process takes places as follows.  If the normalized pitch correlation 11 
is below 0.75 and the frame is of type 0, the adaptive and fixed-codebook gains are jointly 12 
optimized by minimizing the WMSE between the original and the reconstructed speech 13 
according to 14 
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This results in the following estimates of the two gains: 16 
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where  SFL  is the subframe length.  1 

If the normalized pitch correlation is above 0.75 or the frame is of type 1, the adaptive and 2 
fixed-codebook gains are disjointedly optimized. The adaptive-codebook gain was already 3 
calculated according to Equation  (5.6.6.3-1). Subsequently, the fixed-codebook gain is 4 
estimated according to 5 

( )( )
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=

1

0

2)()(minarg
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n
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, (5.6.16-9) 
6 

where  7 
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The gain is given by 9 
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 (5.6.16-11) 
10 

Second, a gain normalization process takes place as follows.  First, we describe the gain 11 
normalization process for type-0 frames. The target energy of both the quantized excitation 12 
and reconstructed speech is estimated according to the smoothing factor Eβ  (Section 13 
5.6.10).  14 
 15 
Routine name:  PRC_GainsNorm_Gc_Gp 16 
Input: 17 

• Filtered adaptive-codebook vector, )(ncadp
f  18 

• Filtered fixed-codebook vector, )(nc fix
f  19 

• Unfiltered adaptive-codebook vector, )(ncadp
unf  20 

• Unfiltered fixed-codebook vector, )(nc fix
unf  21 

• Target vector, )(nTgs  22 

• Noise-to-signal ratio, NSR  23 

• Gain smoothing factor, Eβ  24 

• Excitation mode factor, mod_extC  25 

• Weighted residual signal, )(nrw  26 

• Residual of modified signal, )(mod nr  27 

Output: 28 

• Normalized gains, ag  and cg  29 



 C.S0030-0 v3.0 

 181  

 1 

5.6.16.1 Normalization for 125.0>NSR  2 

A scaling factor sg  for the codebook gains is estimated in order to match the energy 3 
targets. It is based on the smoothed open and closed loop energy targets. 4 
It should be noted that the smoothing is variable and may be zero. The open loop scaling 5 
factor is given by 6 
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g

, (5.6.16.1-1) 
7 

where it is bounded by 
a

s gg 2.1<  and the target energy of the quantized excitation (also 8 

referred as the open loop target energy) is given by 9 
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The target energy of the reconstructed speech (also referred as the closed loop target 11 
energy) is given by 12 
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 14 
 15 
 16 

5.6.16.2 Normalization for 125.0≤NSR  17 

The determination of sg  is derived as follows. First, an open-loop scaling factor and a 18 
closed-loop scaling factor are computed as:  19 
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Here, 23 
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and 25 
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An attenuation of the LPC filter is also calculated as: 2 
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where LPCg  is bounded by 8.0<LPCg . 4 

 5 

Then sg  is calculated in the following steps if the flag mod_extC  is not 0 as: 6 
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Then it is refined in two steps: 8 
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gg ⋅=

 (5.6.16.2-7) 
9 

and },1min{ s
LPC

s ggg += . 10 

Otherwise, },min{75.0 clols ggg ⋅= . It is further refined in this case as }2.1,min{
a

ss g
gg =  11 

In any case sg  is always lower-bounded by 1.0. 12 

 13 
Based on the final scaling factor the unquantized gains are modified according to 14 

asa ggg ⋅=′
, (5.6.16.2-8) 

15 

csc ggg ⋅=′
, (5.6.16.2-9) 

16 

and the target is corrected accordingly to 17 

)()()( ncgncgnT fix
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 (5.6.16.2-10) 
18 

 
19 

5.6.16.3 Fixed-Codebook Gain Normalization for Type-1 Frames and 25.0>NSR  20 
Routine name:  PRC_GainNorm_Gc 21 
Input: 22 

• Filtered adaptive-codebook vector, )(ncadp
f  23 

• Filtered fixed-codebook vector, )(nc fix
f  24 
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• Unfiltered adaptive-codebook vector, )(ncadp
unf  1 

• Unfiltered fixed-codebook vector, )(nc fix
unf  2 

• Target vector, )(nTg  3 

• Residual of modified signal, )(mod nr  4 

Output: 5 

• Normalized gain, cg  6 

 
7 

The different scale factors are computed as: 8 
 9 
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LPCg  is computed:  13 
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14 

The gain-scaling factor sg  is computed as: 15 

cl
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 (5.6.16.3-4) 

16 

It is refined as: 17 

))5.0,0.1max(,75.01min( s
LPC

s ggg ⋅⋅+=
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18 

Based on the final scaling factor, the unquantized gains are modified according to:  19 

aa gg =′
, (5.6.16.3-6) 

20 

csc ggg ⋅=′
, (5.6.16.3-7) 

21 

and the target is corrected accordingly to 22 
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)()()( ncgncgnT fix
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 (5.6.16.3-8) 
1 

 
2 
3 
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 1 
 2 

5.6.17 Adaptive-Codebook and Fixed-Codebook Gain Quantization for 3 
Type-0 Frames 4 

Routine name:  GEQ_gainVQMA_2 5 
 6 
Input: 7 

• Filtered adaptive-codebook vector, )(ncadp
f  8 

• Filtered fixed-codebook vector, )(nc fix
f  9 

• Unfiltered adaptive-codebook vector, )(ncadp
unf  10 

• Unfiltered fixed-codebook vector, )(nc fix
unf  11 

• Target vector, )(nTg  12 

Output: 13 

• Quantized gains, ag  and cg  14 

 15 
For type-0, the adaptive and fixed-codebook gains are jointly vector quantized with 7 bits 16 
per subframe. The 2-dimensional codebook is searched exhaustively for the entry that 17 
minimizes the MSE between the target and the reconstructed speech signal, i.e. minimizing 18 
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 (5.6.17-1) 
19 

where SFL  is 40 and 80 for Rate 1 and Rate 1/2 respectively. The quantized adaptive and 20 
fixed-codebook gains are derived from the 7 bits codebook. The entries of the codebook 21 
contain the adaptive-codebook gain and the correction factor for the predicted fixed-22 
codebook gain.   23 
The prediction of the fixed-codebook gain is based on a 4th and 2nd order MA prediction of 24 
the fixed-codebook energy for Rate 1 and Rate 1/2 respectively. 25 

The relation between the correction factor mγ  and the quantized fixed-codebook gain is 26 
given by 27 

c
m

c gg ~⋅= γ
 (5.6.17-2) 

28 

where cg is the quantized fixed-codebook gain and cg~ is the predicted fixed-codebook gain. 29 
The predicted fixed-codebook gain is given by 30 
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31 

where the dB30=E is the mean energy, 32 



 C.S0030-0 v3.0 

 186  
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and 2 
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where p is 4 and 2 for Rate 1 and Rate 1/2 respectively. The prediction coefficients of the 4 
MA prediction are }2.0,4.0,6.0,7.0{},,,{ 4321 =bbbb  and }3.0 ,6.0{},{ 21 =bb  for Rate 1 and 5 
Rate 1/2 respectively. 6 
 7 

5.6.18 Fixed-Codebook Gain Quantization for Type-1 Frames 8 
Routine name:  GEQ_gainVQMA_3,GEQ_gainVQMA_4 9 
Input: 10 

• Filtered adaptive-codebook vector, )(ncadp
f  11 

• Filtered fixed-codebook vector, )(nc fix
f  12 

• Unfiltered adaptive-codebook vector, )(ncadp
unf  13 

• Unfiltered fixed-codebook vector, )(nc fix
unf  14 

• Target vector, gT  15 

• Quantized gains, ]4[,3,2,1),( =mmga  16 

Output: 17 

• Quantized gains, ]4[,3,2,1),( =mmgc  18 

 19 
This section describes the fixed-codebook gain quantization for Rate 1 and Rate 1/2. For 20 
type-1 frames the adaptive-codebook gain quantization is described in Section 5.3.18. The 21 
fixed-codebook gain vector )(mgc  for type-1 frame is quantized to 10 and 8 bits for Rate 1 22 
and Rate 1/2, respectively. The quantization is predictive delayed quantization; i.e. it takes 23 
place after all of subframes have been processed with unquantized fixed-codebook gains. 24 
The excitation signals, the target signals, and the quantized adaptive- codebook gains, are 25 
buffered during the subframe processing and used to perform delayed joint quantization of 26 
the fixed-codebook gain vector. 27 
For Rate 1, the 4-dimensional codebook is searched in order to minimize 28 
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where the quantized adaptive-codebook gains { })(mga  originate from the original frame 30 
based processing, and { })(nT m

g , { })(, nc madp
f , and { })(, nc mfix

f  are buffered during the 31 

subframe processing. Note that the superscript m  is the thm subframe. 32 
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Similarly for Rate 1/2, we have  1 
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where the quantized adaptive-codebook gains { })(mga  originate from the original frame 3 
based processing, and { })(nT m
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For Rate 1, the fixed-codebook gains { })4(),3(),2(),1( cccc gggg  are derived from a 2-stage 7 
10 bit codebook (7 and 3 bits respectively), where the entries of the codebook contain a 4-8 
dimensional correction factor for the predicted fixed-codebook gains. For Rate 1/2, the 9 
fixed-codebook gains { })3(),2(),1( ccc ggg  are derived from an 8-bit codebook where the 10 
entries of the codebook contain a 3-dimensional correction factor for the predicted fixed-11 
codebook gains.  The prediction of the fixed-codebook gains is based on an MA prediction of 12 
the fixed-codebook energy. 13 

The relation between the correction factors mγ  and the quantized fixed-codebook gains is 14 
given by 15 

m
c

mm
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 (5.6.18-4) 
16 

where m
cg is the quantized fixed-codebook gain and m

cg~  is the predicted fixed-codebook gain 17 
of the thm subframe of current frame.  18 
The predicted fixed-codebook gains are based on an MA prediction of the fixed-codebook 19 
energy, and it is given by 20 
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where the dB34=E is the mean energy, 22 
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where N is 4 and 3 for Rate 1 and Rate 1/2 respectively. The predictor coefficients for Rate 1 
1 are 2 
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and the predictor coefficients for Rate 1/2 are 4 
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Consequently, the prediction of the energies of the 4/3 subframes is based on the same 6 
past memory.  7 
 8 

5.6.19 Random Number Generator 9 
Routine name:  GCB_quickran 10 
Input: 11 
• Seed, seed  12 

 13 
Output: 14 

• Uniformly distributed variable, )(seedrand  15 

• Updated Seed, seed  16 

∑
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12
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)()(
i

seedrandnr
 

17 

where ()rand generates a zero mean, uniformly distributed variable.  For each sample, 18 
seed  is updated as follows: 19 

)1384925173(_ +⋅= seedlextractseed
, (5.6.19-1) 

20 

where (.)_ lextract  extracts the 16 least significant bits of a 32 bit argument.  21 

 22 
23 
23 
23 
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6 SMV DECODER 1 

6.1 Rate and Frame Type Retrieval and Frame Error Detection 2 
 3 

6.1.1 Handling NULL Rate 1/8 Frame 4 
If the decoder receives an all 1’s (null) Rate 1/8 packet, frame erasure processing is 5 
performed for the current frame. (The encoder bit-packing routine ensures that, for 1/8 rate, 6 
an all 1’s bit stream is replaced by a valid bit stream that includes a single 0.) 7 

6.1.2 Handling All Zero Frames 8 
If the decoder receives an all 0’s packet (for all rates), the current frame is processed as 9 
frame erasure. (The encoder bit-packing routine ensures that, for all rates, an all 0’s bit 10 
stream is replaced by a valid bit stream that includes a single 1.) 11 

6.1.3 Handling ‘Rate 1 with Bit Errors’ Frame 12 
If the decoder receives ‘Rate 1 with Bit Errors’ frame, it will process the frame as an erasure 13 
(Insufficient Frame Quality) as in Section 6.8. 14 

6.1.4 Channel Rate-Determination Algorithm Error Detection 15 
The multiplex sub-layer occasionally provides bad rates to the SMV decoder due to errors in 16 
the Channel rate-determination algorithm (CRDA).  17 
Due to constraints imposed on the SMV encoder the following frame rate, and type 18 
transitions between successive frames are illegal: 19 
a) Type-1 Rate 1 frame following a Rate 1/8 frame 20 
b) Type-1 Rate 1/2 frame following a Rate 1/8 frame 21 
c) Type-1 Rate 1 frame following a Rate 1/4 frame 22 
d) Type-1 Rate 1/2 frame following a Rate 1/4 frame 23 
e) Rate 1/8 frame following a Type-1 Rate 1 frame 24 
f) Rate 1/8 frame following a Type-1 Rate 1/2 frame 25 
g) Rate 1/4 frame following a Type-1 Rate 1 frame 26 
h) Rate 1/4 frame following a Type-1 Rate 1/2 frame 27 
Once the frame rate and the type of the current frame have been determined from the 28 
packet, a check for the above transitions shall be made. If any of the above transitions is 29 
detected, the current frame shall be declared a bad frame. Frame erasure processing 30 
should be performed as described in Section 6.8. In addition, if the transitions of a, b, c, or 31 
d are detected, the following decoder memories are reset to their initialization values: 32 

i. Excitation memory 33 
ii. Frame Erasure Concealment excitation memory 34 
iii. LPC synthesis memory 35 
iv. Postfilter synthesis memory 36 
v. Past fixed codebook energy  37 
vi. Previous frame LSFs 38 
Further, if the transitions of a, b, c, or d are detected, the fixed codebook gain moving 39 
average vector quantization memories are extended by their old values. 40 
If the Rate Sanity Flag in the Rate 1 SMV packet is 1, the frame shall be declared a bad 41 
frame. Frame erasure processing should be performed as described in Section 6.8. 42 
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If the Rate Sanity Flag in the Rate 1/4 SMV packet is 1, the frame shall be declared a bad 1 
frame. Frame erasure processing should be performed as described in Section 6.8. 2 
If the two shaping filter bits (SF_ IDX[0] and SF_IDX[1]) in the Rate 1/4 SMV packet are 1, 3 
the frame shall be declared a bad frame. Frame erasure processing should be performed as 4 
described in Section 6.8. 5 
If the current frame is a type 1, Rate 1 frame following a type 1 (Rate 1 or Rate 1/2) frame, 6 
and the pitch lag of the current frame is different from the pitch lag of the previous frame 7 
by more than 15, the frame shall be declared a bad frame. Frame erasure processing 8 
should be performed as described in Section 6.8. 9 
If the current frame is a Type-1, Rate 1/2 frame following a Type-1 (Rate 1 or Rate 1/2) 10 
frame, and the pitch lag of the current frame is greater than 40, and is different from the 11 
pitch lag of the previous frame by more than 15, the frame shall be declared a bad frame. 12 
Frame erasure processing should be performed as described in Section 6.8. 13 

If the current frame is a Rate 1/8 frame whose gain factor rg is such that  14 

memr gg 5>
 (6.1.4-1) 

15 

the frame shall be declared a bad frame. Frame erasure processing should be performed as 16 
described in Section 6.8, where memg  is the estimate of the average frame gain for Rate 1/8, 17 
and is updated after the above test in each Rate 1/8 frame as 18 

( )( ) ( )( )( )( )memrrmem ggroundroundgroundg ⋅+⋅= 95.0100,max05.0,100,maxmax
 

19 

 (6.1.4-2) 
20 

After the fixed codebook excitation, )(nc fix
unf , and the fixed-codebook gain, cg , have been 21 

determined as described in Section 6.7.4 and 6.7.6 for each subframe of fifty type-0 frames 22 
(Rate 1 or Rate 1/2) that immediately follow a type-1 frame, the following test for unusually 23 
high fixed-codebook gain shall be performed: 24 

( ) 






=
−810/10,01.0 MAXE

fix
unfcfix

nrm
MAX

Eg
E ) ,  (6.1.4-3) 

25 

where fix
unfE  is the energy of the unfiltered fixed codebook excitation, and MAXE

)
 is the 26 

maximum LPC synthesized speech frame energy in decibels in the last fifty type-1 frames.  27 

For Rate 1, if ( ) ( ) ( ){ } fix
nrm

LPCLPCLPC EGGG <+−+− 367541.414316.17034.2 23
 and 35 <LPCG , or 28 

21000>fix
nrmE , the subframe gain cg  should be reset to zero, and the FCB gain moving 29 

average VQ memory should be reset to the initial values to avoid high energy speech 30 
artifacts. 31 

For Rate 1/2, if ( ) ( ) ( ){ } fix
nrm

LPCLPCLPC EGGG <+−+− 4752047968.16284.1 23
 and 35<LPCG , 32 

or 18000>fix
nrmE  the subframe gain cg  should be reset to zero, and the FCB gain moving 33 

average VQ memory should be reset to the initial values to avoid high energy speech 34 
artifacts. 35 
For Rate 1/2 type-0 frames, if an index in the unused index space for the 2-pulse codebook 36 
(with the additional Gaussian codebook and the additional TTY/TTD/DATA/DTMF flag) is 37 
detected, the frame is erased.   38 
 39 
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6.2 General Structure of the Decoder 1 
The decoder comprises 3 elements: 2 
1. Excitation generation 3 
2. LPC synthesis filter 4 
3. Post filtering  5 
The operation of each element is different for each rate. In addition, a frame erasure 6 
concealment algorithm is used to generate the decoder output during single or multiple 7 
frame erasure. 8 
Figure 6.2-1 describes the general structure of the decoder, without the frame concealment 9 
module. The specific details of decoder operations are described in the next sections. 10 
 11 
 12 
 13 
 14 
 15 

Figure 6.2-1: General Decoder Structure  16 
 17 
 18 

6.3 Decoding of the LSFs 19 
The indices into the LSFs multi-stage tables shall be retrieved from the bitstream, 20 
according to the transmitted rate. The quantized prediction error, )(iqε , shall be 21 
constructed by the sum of the entries in the quantization tables, as specified in Section 22 
5.3.22.4. The reconstructed LSFs shall be obtained from the combination of the MA 23 
prediction, the decoded prediction error obtained from the decoded indices, and the mean 24 
vector of the LSFs by: 25 

10,1)()()()()(
1

, K=+⋅+= ∑
=

iiMiibiilsf LSF

O

p

q
p

Rate
pj

qq
MA
Rate

εε
 (6.1.4-1) 

26 

where j  is the decoded or default predictor according to the rate, and MA
RateO , the order of 27 

the MA prediction, is 2 for Rate 1 and 4 for all other rates 28 

6.4 Interpolation of Decoded LSFs 29 
The LSFs shall be interpolated the same way specified for the encoder in Section 5.3.23. 30 
For Rate 1 type-0 frames, the interpolation path shall be decoded from the bitstream, and 31 
the decoded interpolation path shall be used. 32 
 33 

34 
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6.5 Excitation Decoding for Rate 1/8 1 
The decoding of Rate 1/8 is depicted in Figure 6.5-1. The gain index shall be decoded from 2 
the bitstream input to the decoder, and the gain correction factor shall be obtained from 3 
the quantization table. The gain value for the frame shall be calculated from the correction 4 
factor and the predicted energy, as described in Section 5.4.2. The excitation shall be 5 
generated by a random vector generator, described in Section 5.6.19. The excitation shall 6 
be multiplied by the gain, to generate the excitation to the LPC synthesis filter. 7 
 8 
 9 
 10 
 11 
 12 

Figure 6.5-1: Excitation Decoding for Rate 1/8 13 
 14 

15 
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6.6 Decoding of Rate 1/4 1 
The decoding of Rate 1/4 is depicted in.  2 
 3 
 4 
 5 
 6 
 7 
 8 
 9 
 10 
 11 

Figure 6.6-1: Excitation Decoding for Rate 1/4 12 
 13 

The gain indices Gi ′ˆ , and [ ] 20 , ˆ <≤′′ jjGi , and the shaping filter index idxF  are decoded 14 
from the bitstream input to the decoder. The gains are dequantized using Equations 15 
(5.5.1-5), (5.5.1-8) and (5.5.1-9). A pseudo-random vector, ( )nerand , is generated as 16 
described in Section 5.5.2. As described in Section 5.5.3, this pseudo-random vector is 17 
used to generate a gain scaled sparse signal, ( )nr1 , which is then shaped by the bandpass 18 
filter ( )zBP , and the shaping filter ( )zSF  to yield the Rate 1/4 frame LPC excitation. As 19 
shown in Equation (5.5.4-9), the index of the filter, idxF  is used to establish ( )zSF . The 20 
Rate 1/8 frame excitation is then filtered by the LP synthesis filter, and the post-processing 21 
filter to generate speech.  22 
 23 

24 
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6.7 Decoding of Rate 1 and Rate 1/2 1 
 2 
 3 
 4 
 5 
 6 
 7 
 8 
 9 
 10 
 11 
 12 
 13 
 14 
 15 
 16 
 17 
 18 
 19 
 20 
 21 
 22 
 23 

Figure 6.7-1:  The SMV Decoder for Rate 1 and Rate 1/2  24 
 25 
Figure 6.7-1 describes the excitation generation for Rate 1 and Rate 1/2. The excitation is 26 
constructed from the fixed-codebook contribution that is multiplied by the fixed-codebook 27 
gain, which is added to the adaptive-codebook contribution that multiplied by the adaptive 28 
codebook gain. 29 
For each subframe, the fixed-codebook contribution is constructed from the pulse locations 30 
and signs, or from the Gaussian codebook indices. The adaptive-codebook contribution for 31 
type-0 frames is constructed from the pitch lag values for each subframe. For type-1 frames 32 
the adaptive-codebook contribution is obtained from the interpolated pitch contour. The 33 
gains for type-0 frames are obtained from the joint table for the fixed-codebook gain and the 34 
adaptive-codebook gain. For type-1 frames, the adaptive-codebook gains for the whole 35 
frame are obtained from the table for the adaptive-codebook gains, and the fixed-codebook 36 
gains for the whole frame are obtained from the table for fixed-codebook gains. 37 
 38 
 39 
 40 

41 
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 1 
6.7.1 Identifying Long –Term Spectral Characteristics 2 
The identification of the long-term spectral characteristics shall be performed as done at 3 
the encoder (Section 5.3.25). 4 
 5 
6.7.2 Pitch Decoding (Adaptive-codebook Contribution) 6 
For the case of type-1 frames, the pitch track and pitch interpolation shall be performed as 7 
done in the encoder (Section 5.3.14.2) using the decoded frame pitch lag and the previous 8 
frame pitch lags.  9 
The adaptive-codebook vector contribution for the subframe, )(ncadp

unf , shall be obtained 10 

from the adaptive codebook )(nC adp  with fractional interpolation of 20
1  of a sample, using 11 

a 21-phase sampled Sinc window. The fractional pitch for the subframe, p
FRCl , and the 12 

integer pitch for the subframe p
INTl , shall be obtained from the interpolated pitch contour in 13 

the middle of the subframe. The fractional pitch is the value of the pitch contour at the 14 
middle of the subframe, and the integer pitch is the integer part of the fractional pitch.  15 
For the case of type-0 frames (Rate 1 and Rate 1/2], the adaptive-codebook contribution 16 
shall be derived from the decoded subframe pitch lags in the same way as in the encoder 17 
(Sections 5.6.6 and 5.6.7). 18 
 19 
6.7.3 Adaptive-codebook Gain Decoding for Rate 1 and Rate 1/2 (Type-1) 20 
Using the decoded index, the adaptive-codebook gains )(mga  shall be obtained directly 21 
from the quantization tables. 22 
 23 
6.7.4 Fixed-codebook Excitation Decoding for Rate 1 and Rate 1/2 24 
Using the received indices comprising the information about the codebook type and pulse 25 
positions and signs, along with the relevant decoded information such as reconstructed LP 26 
coefficients, adaptive-codebook gains (current for type-1 frames, previous for type-0 27 
frames), pitch lags, and fixed-codebook contribution )(nc fix

unf  shall be reconstructed as it 28 
was done in the encoder (Sections 5.6.13 and 5.6.14). 29 
 30 
6.7.5 Fixed-codebook Excitation Contribution for Rate 1/8 and Rate 1/4 31 
The fixed-codebook contribution shall be obtained using a Gaussian random excitation. 32 
The seed for the random number generator shall be obtained and updated as was done at 33 
the encoder (Section 5.5 and 5.6.19) 34 
 35 
6.7.6 Gain Decoding  36 
The adaptive-codebook gain )(mga  for Rate 1 and Rate 1/2 (type 0) shall be obtained from 37 
the relevant tables using the decoded index. The fixed-codebook gains )(mgc  for Rate 1, 38 
Rate 1/2 and Rate 1/8 shall be obtained using the proper prediction. The prediction shall 39 
be complemented with the decoded prediction errors as it was done at the encoder 40 
(Sections 5.4.2, 5.6.17 and 5.6.18) in order to obtain the final )(mgc .   41 
 42 
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6.7.7 Signal-to-Noise Ratio (SNR) at the Decoder 1 
An estimate of the SNR at the decoder is calculated as: 2 

N
dec

S
decdec EESNR −=

 (6.7.7-1) 
3 

where  4 

{ }decdec
S
dec

S
dec EEEE ,05.095.0max ⋅+⋅=

,  (6.7.7-2) 
5 

{ }decdec
N
dec

N
dec EEEE ,05.095.0min ⋅+⋅=

  (6.7.7-3) 
6 

and  7 


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2)(110log10
frmL

ifrm
dec isyn

L
E

.  (6.7.7-4) 
8 

)(⋅syn is the synthesized speech at the decoder. Note that S
decE  is updated during Rate 1 or 9 

Rate 1/2 and N
decE  is updated during Rate 1/8. 10 

 11 
12 
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6.8 Frame Erasure Concealment 1 
A bad frame indicator for the frame )( frmbfi  is set if an erased frame indicator was 2 
received. A counter bfiN  counts the number of consecutive bad frames. It is reset to 0 when 3 
a good frame is received. A counter gfiN  counts the number of consecutive good frames 4 
after a bad frame has been received. gfiN  is saturated to 4 frames.   5 
The decoder rate of operation and frame type for the current frame are set as follows if 6 

)( frmbfi  is 1: 7 

)1()( −= frmRatefrmRate
 (6.7.7-1) 

8 

 
)1()( −= frmTypefrmType
 (6.7.7-2) 

9 

 10 
6.8.1 LSF Extrapolation 11 
If 1)( =frmbfi , use LSF parameters of previous frame i.e. 12 

10,,1),()( 1
K== − iilsfilsf frmfrm . The state variables of the LSF prediction are recomputed 13 

with an attenuation as:  14 

10,1))()()((6.0)(
1

,, * K=⋅−′⋅= ∑
=

iiibiflsi
MA
RateO

p

q
pj

Rate
pjj εε

 (6.8.1-1) 
15 

where 'lsf is the mean-removed lsf .  16 
Special care is catered for good frames that are subsequent to a bad frame if cF  is set and 17 
the following is true: 18 
if  21 ≤≤ gfiN  and Hz 75)1()( <−− ilsfilsf , set the minimum spacing between 19 
consecutive LSFs to 125 Hz, and set an attenuation flag aF to 1. If 20 

Hz 75)1()( ≥−− ilsfilsf , set the minimum spacing between consecutive LSFs to 100 Hz. 21 
Otherwise, the minimum spacing is set to 50 Hz. 22 
A caution flag cF  is set for the subsequent frame if the following is true: 23 

( )( )dB 50 and  8/1Rateor  4.0)1( and 1)( >=>= decSNRkfrmbfi
 (6.8.1-2) 

24 

where )1(k is the first reflection coefficient obtained from the decoded linear prediction 25 
coefficients. In this case the state variables of LSF prediction are prepared for the next 26 
frame, and are reset to: 27 

10,1)()()()(
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iiibiflsi
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RateO

p

q
p

Rate
pjj εε

 (6.8.1-3) 
28 

where )(ifls ′ is the mean-removed vector of a preset )(ilsf FLAT derived from a flat spectrum. 29 
The caution flag cF  is reset to 0 if 3>gfiN . 30 
 31 
 32 
6.8.2 Pitch Extrapolation 33 
Different pitch extrapolation algorithms are devised for type-0 and type-1 frames. 34 
For Type-0: if )( frmbfi  is 1, 35 
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otherwise1)1()(
01 if)1()(

+−=
<−=

mlml
)k(mlml

pp
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 (6.8.2-1) 
1 

where )1(k  is the first reflection coefficient from the decoded prediction coefficients. 2 
For type 1, if )( frmbfi  is 1, 3 
If 4)2()1( <−−− frmlfrml q

pp
q
pp  and 4)3()2( <−−− frmlfrml q

pp
q
pp : 4 

( )( )BAl q
pp +⋅= 3,17max,147min)0(

,  (6.8.2-2) 
5 

otherwise  6 

)1()( −= frmlfrml q
pp

q
pp .  (6.8.2-3) 

7 

Where A  and B are obtained through linear extrapolation as: 8 

( ))2()1(5.0 −−−⋅= frmlfrmlA q
pp

q
pp  (6.8.2-4) 

9 
and 10 

3
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 (6.8.2-5) 

11 

A special feature is introduced to correct the pitch track and the ACB buffer for isolated 12 
frame errors. This takes place if )( frmbfi  is 0 and )1( −frmbfi is 1 and )2( −fmbfi  is 0. 13 
The pitch track correction happens only the current frame and the previous frame are of 14 
type 1. In this case, we use the correctly received q

ppl )( frm  to correct q
ppl )1( −frm  via 15 

linear interpolation as: 16 
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17 

The correction of the adaptive-codebook buffer happens for either frame type if both the 18 
current and previous frame is either Rate 1 or Rate 1/2 and 5.0>ag . The correction of the 19 
adaptive-codebook buffer is basically the re-computing of the excitation of the preceding 20 
bad frame using the corrected pitch lag and tracks. The gains and fixed-codebook 21 
excitations remain as they were extrapolated during the preceding bad frame. 22 
 

23 

6.8.3 Gain Extrapolation 24 
For type-1 frames:   25 

1 if1
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 (6.8.3-1) 
26 

where α is an attenuation factor that is a function of bfiN . An average adaptive-codebook 27 
gain ag over the preceding frame is computed. 28 
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where β  is an attenuation factor that is a function of bfiN , )1( −mEsc  is the gain scaled 1 
fixed-codebook excitation energy from the preceding subframe, and )(mEc  is fixed-2 
codebook excitation energy of the current subframe. 3 
For Rate 1 and Rate 1/2 type-0 frames, the gains are extrapolated as follows: 4 
If 1=bfiN , an average adaptive-codebook gain ag  over the preceding subframes is 5 
computed in the first frame: 6 
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i
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,  (6.8.3-3) 

7 

where aG  is buffer containing the last 8 ag  and L  is a function of the pitch lag. A factor 8 
)0,(mFa  measuring the proportion of the adaptive-codebook excitation energy to the total 9 

excitation energy is computed on a subframe basis.  10 
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 (6.8.3-4) 
13 

where )1( −frmE f  is the energy of the previous frame and onsF  is a flag indicating an onset 14 
at the previous frame. For other subframes, )1()( −= mgmg aa .  15 
If  1>bfiN   16 

)1()( −⋅= mgmg aa α
,  (6.8.3-5) 

17 

where α is a function of bfiN .  18 
The fixed-codebook gain is given as 19 

)(
)1(

)(
mE

mE
mg

c

sc
c

−
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, (6.8.3-6) 
20 

where β  is function of both bfiN  and )(mga . onsF  is set if there is an increase of at least 21 
13 dB between the current and the previous 2 frames or an increase of at least 7 dB in LPC 22 
gain between the current and previous frame. 23 
 24 
For Rate 1/4,  25 

100][ˆ][ˆ <≤⋅= jjGjG oldβ
  (6.8.3-7) 

26 

where β is a function of bfiN , and ][ˆ jGold is the set gains for the previous Rate 1/4 frame. 27 
 28 
For Rate 1/8,  29 
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  (6.8.3-8) 
30 

where β is a function of bfiN . 31 
 32 
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6.8.4 Excitation Generation  1 
A Gaussian random excitation )(nr  is generated using the random noise generator 2 
described in Section 5.6.19. )(nr  is generated regardless of rate in the case of bad frame, 3 
The seed used, is a signed 16-bit static variable initialized to 21845. The update of the seed 4 
is described in Section 5.6.19. No reset of this seed is performed. 5 
 6 
6.9 Post-Processing 7 
Routine name:  PPR_post_process 8 
Input: 9 

• Interpolated prediction coefficients, )(ˆ ia q
m  10 

• Decoded pitch lag value, )(ml p  11 
• Synthesized speech, )(ˆ ns  12 
 13 

Output: 14 
• Postfiltered synthesized speech, )(ns p′  15 

 16 
Post-processing is made up of three functions: adaptive postfiltering, high-pass filtering and 17 
signal up-scaling. The adaptive postfilter is a cascade of three filters: a pitch postfilter 18 

)(zH p , a tilt compensation filter )(zH t , and a short-term postfilter )(zH s , followed by 19 
and adaptive gain control (AGC). The postfilter is updated every subframe. The postfiltering 20 
process is organized as follows. First the synthesized speech )(ˆ ns  is filtered through a 21 
filter ( )numzA γ  to produce a weighted residual speech signal )(ˆ nrw . The signal )(ˆ nrw  is 22 
used to compute the pitch delay pfl  and a gain pfg . The signal )(ˆ nrw is filtered through the 23 
pitch postfilter )(zH p  to produce the signal )(nrw′ . )(nrw′  is passed through a tilt 24 
compensation filter )(zH t , leading to a signal )(nrt . )(nrt  is filtered through a synthesis 25 
filter ( )denzA γ1  to give a signal )(ˆ ns p .  26 
Finally, an AGC is then applied between the output signal )(ˆ ns p  and )(ˆ ns  resulting in the 27 
signal )(ns p′ . The high-pass filtering and scaling are performed on )(ns p′ . 28 
 29 
6.9.1 Weighted residual signal 30 
The synthesized signal )(ˆ ns  is filtered through a filter  31 
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 (6.9.1-1) 

32 

to produce a weighted residual speech signal )(ˆ nrw , where { }ia  are the interpolated LP 33 
coefficients and numγ  is a adaptive weighting factor, updated each subframe as: 34 

025.075.0 γγγ ⋅+⋅= numnum  
35 

where 0γ  is set to 0.63 for Rate 1, and 0.6 otherwise. 36 
 37 
6.9.2 Pitch postfilter 38 
The pitch postfilter is given by:

 
39 
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pfl
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 (6.9.2-1) 

1 

where pfl  is  pitch postfilter delay and pfg is pitch postfilter gain and Ng  is an AGC gain. 2 

The pitch postfilter delay pfl  is obtained as the delay that maximizes the normalized 3 
correlation )(DRpf .  D  are the delays in the range of [ ]5.1,5.1 +− pp ll  with 1/8 resolution, 4 

pl  is the decoded subframe pitch lag. )(DRpf  is given by 5 
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 (6.9.2-2) 
6 

where )(ˆ nr D
w  is the weighted residual at delay D . The pitch postfilter gain pfg  is obtained 7 

in the following by first computing pfg as:
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 (6.9.2-3) 
9 

where )(nv  is the optimum contribution from )(ˆ nrw  at the optimum delay D .  Then, pfg  10 
is limited to be greater than 1 followed by a scaling as: 11 

pfpf gg ⋅= α
 (6.9.2-4)

 12 

where α is 0.4 if Rate is 1, or 0.5 if Rate is 1/2, or 0 otherwise. 13 

After the extraction of )(nv , )(nv  is updated as: 14 

1,..,0),()()( −=⋅+= SFpfw Lnnvgnrnv
 (6.9.2-5) 

15 

The AGC gain Ng  is obtained as 16 
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 (6.9.2-6) 
17 

The final output )(nrw′  is calculated as: 18 

1,..,0),()( −=⋅=′ SFNw Lnnvgnr
 (6.9.2-7) 

19 

The pitch postfilter is only applied if Rate is 1 or ½. In the case of )0(bfi  or bfiN  is 1, the 20 
optimum search for the delay D  is not done but rather D  is set to the decoded subframe 21 
pitch lag pl . 22 
 23 
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6.9.3 Tilt Compensation 1 
The tilt compensation operation consists of the following steps. First, the impulse response  2 

)(nhpf of  the pole-zero filter  3 















den

num

zA

zA

γ

γ
 ,  (6.9.3-1) 

4 

truncated to 22 samples, is calculated where 75.0=denγ . Second, the first reflection 5 
coefficient )1(pfk  of )(nhpf  is computed as: 6 
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 (6.9.3-2) 
7 

A tilt factor ft is obtained form )1(pfk  as: 8 

)1.0),0),1(5.0max(min( −⋅= pff kt
 (6.9.3-3) 

9 

Then ft  is modified if )1(pfk  is negative as: 10 

otherwise,05.0
0if,1.0
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=−=

ff
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Ftt

 (6.9.3-4) 
11 

 Finally, the tilt compensation leads to the output )(nrt as: 12 

1,..,0),1()()( −=−′⋅+′= SFwfwt Lnnrtnrnr
 (6.9.3-5) 

13 

 
14 

6.9.4 Short-Term Postfilter 15 
The output of the tilt compensation filter )(nrt  is passed through a synthesis filter  16 








d

zA γ

1
 (6.9.4-1) 

17 

 to produced the synthesized post-filtered signal )(ˆ ns p , where 75.0=dγ . 18 
 19 
6.9.5 Adaptive Gain Control 20 
Adaptive gain control is used to compensate for gain differences between the reconstructed 21 
speech )(ˆ ns  and the posfiltered signal )(ˆ ns p . The gain-scaling factor fG  for the current 22 
subframe is calculated as:

 
23 
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1 

Then fG  is modified as: 2 

otherwise,15.1
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 (6.9.5-2) 
3 

The gain scaled post-filtered signal )(ns p′  is obtained as 4 

1,..,0),(ˆ)()( −=⋅=′ SFpfp Lnnsngns
 (6.9.5-3) 

5 

where )(ng f  is updated on a sample-by-sample basis as 6 

fff Gngng ⋅+⋅= 1.0)(9.0)(
 (6.9.5-4) 

7 

 8 
6.9.6 High-pass filtering and up-scaling 9 
A high-pass filter at cutoff frequency of 80 Hz is applied to the gain scaled post-filtered 10 
signal )(ns p′ . The filter is given by: 11 

( )
21

21

9114024.09059465.11
92727435.08544941.192727435.00.2)( −−
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12 

The factor 2 in the numerator is for the embedded up-scaling by 2. 13 
 14 
 

15 

 
16 

17 
17 
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7 SMV DATA CAPABILITIES 1 
The SMV provides the capability for passing data by replacing some or all of the speech 2 
allocated bits by general user data bits. This capability is called in-band or in-bitstream 3 
data. In this document, TTY/TDD Baudot Code (45.45 baud and 50 baud) and DTMF are 4 
the only data payloads that are defined and supported by the SMV standard. 5 
In-band TTY/TDD Baudot Code is mandatory. All SMV implementations shall include in-6 
band TTY/TDD capability. However, in-band DTMF is not always mandatory. Depending 7 
upon applications such as wireless local loop (fixed wireless) or mobility, in-band DTMF can 8 
be optional. In any case, in-band and out-of-band DTMF shall not be transmitted 9 
simultaneously. 10 

For mobility applications, in-band DTMF signaling shall not be used. 11 

For fixed wireless (also known as wireless local loop) applications, sending DTMF in the 12 
forward link is common (e.g., answering machine access). In order to guarantee that in-band 13 
DTMF can be decoded correctly in both forward and reverse link, implementing in-band 14 
DTMF decoder is mandatory in both directions (forward and reverse), whereas implementing 15 
the in-band DTMF encoder is optional. 16 
In-band data may be transported in one of three different ways: 17 
1. Rate 1/2 packet with data (61bits/packet = 3050 bps) 18 
2. Rate 1 packet with data (144 bits/packet = 7200 bps) 19 
3. Rate 1 packet with Rate 1/2 speech and data in remaining bits (64 bits/packet = 3200 20 

bps) 21 
The data rate noted above is the data net rate, due to overhead needed for the detection of 22 
the special data packets.  23 
The TTY/TDD and DTMF features define their own error recovery schemes.  For general 24 
data applications, however, the in-band data channel is a raw bit stream and does not 25 
currently define protocols for handshaking or schemes for error detection/correction.  The 26 
decoder, however, is capable of automatically detecting the in-band data by decoding the 27 
packet.  No out-of-band signaling is required to send in-band data from the encoder to the 28 
decoder. 29 
When the encoder sends in-band data to the decoder, the data is packed in either Rate 1/2 30 
frames or Rate 1 frames and they contain a unique bit pattern that can be identified by the 31 
decoder to indicate that the packet contains data. The decoder then reads the header bits 32 
to determine which type of data is in the frame and calls the appropriate algorithm to 33 
regenerate the signal at the decoder’s output, or to send the data to an appropriate 34 
application.  35 
The bit allocation for Rate 1/2 data frames is summarized in Table 7-1. 36 
 37 

Bit Positions # of Bits Rate 1/2 Data Frame 
1 1 SVS (frame type) 
2 – 4 3 Data Header 
5 – 65 61 Data Block 
66 - 80 15 Illegal Codeword 

Table 7-1: Bit Allocation for Rate 1/2 Data Frames 38 
 39 
Rate 1 packets can have one of two different data formats. The first is for transmitting data 40 
along with speech parameters (Data + Speech). The second contains only data (Data + 41 
Auxiliary Data). The bit allocations for both Rate 1 data formats are shown in Table 7-2. 42 

43 
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 1 

Bit Positions # of Bits Rate 1 
Data + Speech Frames 

Rate 1 
Data + Auxiliary 

Data Frames 
1 1 SVS (frame type) SVS (frame type) 
2 – 81 80 Rate 1/2 Speech Frame Auxiliary Data 
82 – 84 3 Data Header Data Header 
85 – 148 64 Data Block Data Block 

149 – 170 22 Illegal Codeword Illegal Codeword 

Table 7-2: Bit Allocation for Rate 1 Data Frames 2 
For all 3 in-band data formats, the SVS (frame type) field is set to zero and a codeword is 3 
put in the packet that is considered illegal for speech frames.  A packet is identified as 4 
containing data if these to fields are set to the values below.  The values of the SVS (frame 5 
type) bit and illegal codewords for each of the in-band data formats are in Table 7-3. 6 
 7 

 Rate 1/2 Data Data + Speech Data + 
Auxiliary Data 

SVS (frame type) 0 0 0 
Illegal Codeword 0x7FC8 

(15 bits) 
0x2002EA 
(22 bits) 

0x2002EA 
(22 bits) 

Table 7-3: SVS (frame type) and Illegal Codeword Values 8 
Whereas the SVS and illegal codeword identify the packet as containing data, the Data 9 
Header is a 3-bit field, which identifies the data format and payload.  Table 7-4 contains a 10 
description of the Data Header Field for Rate 1 and Rate 1/2 packets. 11 
 12 

Data Header Value Rate 1 (Bits 82-84) Rate 1/2 (Bits 2-4) 
0 Reserved Reserved 
1 Data + Speech Data 
2 Reserved TTY/TDD 
3 Reserved DTMF 
4 Data + Auxiliary Data Reserved 

5 – 7 Reserved Reserved 

Table 7-4: Data Header Description 13 
14 
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7.1 TTY/TDD Payload Format 1 
The TTY/TDD payload shall be transported using the Rate 1/2 packet data format only.  2 
Rate 1 data formats shall not be used for this application.  For TTY/TDD payloads, the 3 
Data Header field shall be set to 2 (see Table 7-4) and the first 8 bits of the data field shall 4 
correspond to the TTY Type field.  The Baudot code is currently the only TTY Type 5 
supported by this standard.  Table 7.1-1 summarizes the valid values for the TTY Type 6 
field. 7 
 8 

TTY Type Description 
0 Reserved 
1 Baudot Code 

2 – 255 Reserved 

Table 7.1-1: TTY Type Field 9 

7.1.1 Baudot Code Payload 10 
Payloads for TTY/TDD Baudot codes at 45.45 baud and 50 baud are defined for SMV.  For 11 
transmitting the Baudot code, the Data Field shall be set to 2 and TTY Type shall be set 12 
to 1.  For Baudot, the bits in the Rate 1/2 packet are defined as in Table 7.1-2. 13 
 14 

Rate 1/2 Packet 
Bit Positions # of Bits Field Value 

1 1 SVS (frame type) 0 

2 – 4 3 Data Header  2 
5 – 12 8 TTY Type 1 
13 – 20 8 TTY Header See Table 

7.3-1 
21 – 36 16 TTY Character See Table 

7.3-2 
37 – 52 16 TTY Rate See Table 

7.3-3 
53 – 65 13 Reserved N/A 
66 - 80 15 Illegal Codeword 0x7FC8 

Table 7.1-2: Rate 1/2 Packet for TTY/TDD Baudot Code Payload 15 

7.2 DTMF Payload Format 16 
The DTMF payload shall be transported using the Rate 1/2 packet data format only.  Rate 17 
1 data formats shall not be used for this application.  Table 7.2-1 shows a Rate 1/2 packet 18 
with the format for a DTMF payload.  The Data Header field shall be set to 3 (see Table 7-4) 19 
and the first 16 bits of the data field shall correspond to a 16-bit signed value DTMF digit, 20 
as specified in Table 7.2-2.  21 
 22 

Rate 1/2 Packets 
Bit Positions # of Bits Field Value 

1 1 SVS (frame type) 0 
2 – 4 3 Data Header 3 
5 – 20 16 DTMF Digit See Table 

7.2-2 
21 – 65 45 Reserved N/A 
66 – 80 15 Illegal Codeword 0x7FC8 
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Table 7.2-1: Rate 1/2 Packet with DTMF Payload 1 
 2 

Data Field DTMF Signal 

1 1 

2 2 

3 4 

5 5 

6 6 

7 7 

8 8 

9 9 

10 0 

11 * 

12 # 

13 A 

14 B 

15 C 

16 D 
-1 no signal detected 

Table 7.2-2: DTMF Data Values 3 

7.3 TTY/TDD Operation 4 
The following feature provides a method for reliably transporting the 45.45 bps and 50 bps 5 
Baudot code in the SMV, making digital wireless telephony accessible to TTY/TDD users.  6 
The feature supports voice carryover/hearing carryover (VCO/HCO).  VCO allows a 7 
TTY/TDD user to switch between receiving TTY and talking into the phone.  Similarly, HCO 8 
allows a user to switch between transmitting TTY characters and picking up the phone to 9 
listen. When Baudot tones are not present, the vocoder operates as usual; there is no 10 
modification or added delay to the voice path when speech is present. 11 
The Baudot code is specified in ITU-T Recommendation V.18.  The Baudot code is a 12 
carrierless, binary FSK signaling scheme.  A 1400 Hz. tone is used to signal a logical “1” 13 
and a 1800 Hz. tone is used to signal a logical “0”.  A 45.45 bps TTY bit has a duration of 14 
22 ms. ± 0.4 and a 50 bps bit has a duration of 20 ms. ± 0.4, and a character consists of 1 15 
start bit, 5 data bits, and 1.5 – 2 stop bits. When a character is not being transmitted, 16 
silence, or a noisy equivalent, is transmitted.  Hence, a TTY character spans a minimum of 17 
6 speech processing frames.  When the TTY encoder processing detects a character, it 18 
sends the character and its header (see Section 7.3.1 for a description of the header) to the 19 
decoder over a minimum of 6 consecutive frames and a maximum of 16 frames.  Because of 20 
channel impairments, the decoder may not receive all of the packets sent by the encoder 21 
because of frame erasures and random bit errors.  The decoder uses the redundancy to 22 
correct any corrupted TTY information.  Once the decoder recognizes the TTY character 23 
being sent, the decoder’s TTY repeater regenerates the Baudot tones corresponding to that 24 
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character. The TTY processing in the encoder processes the received PCM input one frame 1 
at a time and labels each frame as either NON_TTY, TTY_ONSET, or as a TTY character.  2 
The vocoder is in one of two states, TTY_MODE or NON_TTY_MODE.  In the absence of 3 
Baudot tones, the encoder 4 
 5 

Encoder

TTY
Detector

TTY
Decoder

TTY Character
Classifier

Channel

TTY
Repeater

Decoder

PCM

Packet

Packet FER Flag

FER
Flag

TTY
Char

TTY Char

 6 
Figure 7.3-1: TTY/TDD Processing Block Diagram 7 

 8 
and decoder are in the NON_TTY_MODE and the encoder and decoder process the frame as 9 
speech.  When Baudot tones are present, the encoder and decoder enter TTY_MODE and 10 
process the TTY information as described below.  When the vocoder stops detecting TTY 11 
information, it resumes processing speech. 12 
It is recommended that a mechanism exist to disable the TTY/TDD feature in the vocoder. 13 
 14 
7.3.1 TTY Header and Character Format 15 
The TTY information passed from the encoder to the decoder contains a header, character 16 
information, and the baud rate.  When the encoder is transmitting a TTY character, the 17 
header contains a sequence number to distinguish that character from the characters 18 
immediately before and after.  The same TTY information is transmitted for each instance of 19 
a character for a minimum of 6 frames and a maximum of 16 frames.  The header cycles 20 
through its range of valid values, one value for each instance of a character.  During the 21 
TTY_ONSET state, the encoder sends the decoder a TTY_SILENCE message in the header 22 
and character field. The TTY header uses 2 bits in an 8-bit field (see Table 7.3-1).  The TTY 23 
character uses 5 bits in a 16-bit field (see Table 7.3-2).  The TTY baud rate uses 1 bit in a 24 
16-bit field (see Table 7.3-3). 25 
 26 

Range Description 
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0 TTY_SILENCE 
1 – 3 TTY Counter 
4 – 255 Reserved 

Table 7.3-1: Range of Values for TTY/TDD Baudot Header Field 1 
 2 

Range Description 

4 TTY_SILENCE  
(when TTY Header = 0) 

0 – 31 TTY Character 
32 – 65535 Reserved 

Table 7.3-2: Range of Values for TTY/TDD Baudot Character Field 3 
 4 

Range Description 
0 45.45 Baud 
1 50 Baud 
2 – 65535 Reserved 

Table 7.3-3: Range of Values for TTY/TDD Baud Rate Field 5 
 6 
7.3.2 TTY Encoder Processing 7 
The TTY encoder processing takes the larger task of detecting TTY characters and divides it 8 
into a series of smaller tasks, creating different levels of detection.  It is through this divide 9 
and conquer approach that the tty_enc() routine has low complexity in the absence of 10 
Baudot tones. 11 
The first level of detection is to divide the 160 samples in the speech frame into 10 blocks of 12 
16 samples.  These blocks are called detection intervals, or dits.  Each dit is classified as 13 
NON_TTY, LOGIC_0, or LOGIC_1. 14 
The next level of detection is to determine if there are enough LOGIC_0 or LOGIC_1 dits in a 15 
row to form a TTY bit.  The transition from a “0” bit to a “1” bit is used to determine the 16 
onset of a TTY character and the TTY_SILENCE message is sent to the decoder. The 17 
TTY_SILENCE message shall continue to be sent until a TTY character is detected, or until 18 
a NON_TTY frame is detected.  When enough bits are detected to form a character, the rate 19 
of the character is determined and the TTY character information is sent to the decoder. 20 
 21 
7.3.2.1 TTY Encoder Inputs 22 
• TTY character information from the previous frame (header, TTY character, and baud 23 

rate). 24 
• 160 PCM samples from the output of the high pass filter. 25 
7.3.2.2 Dit Classification 26 
The 160 samples from the high pass filter’s output are converted into 10 dits.  For every 27 
block of 16 samples, it computes the spectral energy at the mark and space frequencies 28 
using a 16-point DFT at 1400 Hz and 1800 Hz with a rectangular window.  The ratio of the 29 
maximum energy between the mark and space energy and the total energy is compared to a 30 
threshold; i.e., 31 

THRESH
_

)_,_max(
>

energytotal
energyspaceenergymark

 
32 

If that threshold is exceeded, the dit is labeled as either a mark or a space, whichever one 33 
has the greater energy.  If the threshold is not met, the dit is labeled as NON_TTY. 34 
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A second threshold is applied to the total energy of the dit.  If the total energy is less than 1 
the threshold, the dit is classified as NON_TTY.  This minimum energy threshold prevents 2 
the TTY detector from being overly sensitive to low level tones that may have been 3 
unintentionally reflected back into the TTY detector.  The threshold is set at approximately 4 
-50 dBm. 5 
 6 
7.3.2.3 Dits to Bits 7 
The dits are used to form a TTY bit.  Dits are classified as LOGIC_0, LOGIC_1, or 8 
UNKNOWN.  A nominal bit consists of 11 dits for 45.45 baud and 10 dits for 50 baud.  A bit 9 
is not required to have a continuous run of LOGIC_0’s or LOGIC_1’s in order to be detected.  10 
Spurious UNKNOWN detections are permitted, up to a threshold. 11 
A TTY bit is searched by looking at the dits within a variable length sliding window.  The 12 
window varies in length from 8 dits to 13 dits.  The number of LOGIC_0’s, LOGIC_1’s, and 13 
UNKNOWN dit detections are counted in the window.  The dits in the search window must 14 
meet the following criteria in order to detect a TTY bit: 15 
• Minimum of 6 LOGIC_0 (LOGIC_1) dits 16 
• Maximum of 2 LOGIC_1 (LOGIC_0) dits  17 
• Maximum of 5 UNKNOWN dits 18 
Heuristics are also applied so that the sliding window is centered over the TTY bit being 19 
detected.  If all of the thresholds are met, a “0” (“1”) TTY bit is declared, and the overall 20 
length of the bit and the number of bad dits within the window are recorded.  If the dits in 21 
the search window do not meet the criteria for a TTY bit, a gap between TTY bits is declared 22 
and the gap is recorded.  The window is slid by one dit and the search is repeated. 23 
The length of the search window is allowed to vary.  The length is adjusted depending on 24 
the previous character’s baud rate, and where the mark/space transitions occur.   25 
Two history buffers are maintained to record the detected TTY bits and gaps.  The array 26 
tty_bit_hist[] maintains a history of the bits that are detected and tty_bit_len_hist[] stores 27 
the lengths, in dits, of the gaps and TTY bits that are detected.  Both arrays are 9 elements 28 
long, there is one element for the start bit, five for the data bits, one for the stop bit, and 29 
one for the memory bit, the bit before the start bit, as depicted in Figure 7.3-2Figure 7.3-2.  30 
The last element in the array is used to record partially detected TTY bits. 31 
 32 
 33 
 34 
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Figure 7.3-2: TTY Bit History Buffer 35 

When a TTY bit or a gap is detected, its value is recorded in tty_bit_hist[] and its length is 36 
stored in tty_bit_len_hist[].  The length is used by get_tty_char() to threshold the length of a 37 
candidate character, and by tty_rate() to determine if a detected character is 45.45 baud or 38 
50 baud.  Since the length of the memory bit is irrelevant, tty_bit_len_hist[0] is used to 39 
count the number of NON_TTY and TTY_SILENCE dits that were detected within the TTY 40 
bits. 41 
Because the speech frames may not coincide with the boundaries of the TTY bits, it is 42 
possible that a bit may straddle two speech frames.  It is possible, therefore, that the 43 
sliding window may contain only a partial bit within a frame.  These partial detections are 44 
recorded in element 8 of the TTY bit history buffers, labeled “Next Bit” in Figure 7.3-2. 45 
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7.3.2.4 TTY Character Classification 1 
The routine get_tty_char() checks if the detected bits form a TTY character.  The following 2 
conditions must be met in order for a character to be declared. 3 
• The bit preceding the start bit must not be a “0”. 4 
• The start bit must be a “0” 5 
• The stop bit must be a “1” 6 
• The length of the candidate character, in dits, must be within a maximum and 7 

minimum threshold. 8 
• The number of bad dit detections within the character must be within a threshold. 9 
If all of the conditions are met, a character is declared. 10 
Once a character is found, the character information and its header are sent to the decoder 11 
a minimum of 6 frames and a maximum of 16 frames.  The constant 12 
FRAMING_HANGOVER dictates the maximum number of times the information for the 13 
same character is sent.  If a new character is framed before FRAMING_HANGOVER is 14 
reached, the information for the old character is terminated and the new information is 15 
sent to the decoder. 16 
 17 
7.3.2.5 TTY Baud Rate Determination 18 
After a character has been detected, tty_rate() determines the baud rate of the character by 19 
counting the length, in dits, of the start bit and the five data bits.  The length of the stop bit 20 
is not used because its length is too variable. 21 
A character with a length of 63 dits or greater is declared 45.45 baud, otherwise it is 22 
declared 50 baud.  A hangover of three characters is maintained before tty_rate() will switch 23 
from one baud rate to the other.  That is to say, if the baud rate changes in the middle of a 24 
call, three consecutive characters must be detected at the new baud rate in order for 25 
tty_rate() to declare the new baud rate. 26 
 27 
7.3.2.6 TTY State Machine 28 
The routine get_tty_state() is responsible for changing the state of the TTY encoder 29 
processing.  There are 3 states, NON_TTY_MODE, TTY_ONSET, and TTY_MODE. 30 
Get_tty_state() is responsible for determining NON_TTY_MODE and TTY_ONSET. 31 
Changing TTY state from NON_TTY_MODE to TTY_ONSET requires that a “0” bit is followed 32 
by a “1” bit.  This rule requires the presence of both the space tone and the mark tone and 33 
for the tones to be the correct duration.  This test must be met in order to declare 34 
TTY_ONSET for the first time.  35 
NON_TTY_MODE is declared by get_tty_state() whenever a non-TTY bit is detected or when 36 
a “0” bit occupies the bit preceding the start bit. 37 
 38 
7.3.3 TTY/TDD Decoder Processing 39 
The TTY decoder processing must recognize when TTY/TDD information is in the packet, 40 
recover from channel impairments to decode the TTY character being sent, and regenerate 41 
the Baudot tones corresponding to that character. 42 
When the decoder is in NON_TTY_MODE, the packet is decoded in the usual manner for 43 
speech. When the decoder makes the transition to TTY_MODE, it mutes its output until it 44 
receives TTY character information or until it transitions back to NON_TTY_MODE. 45 
 46 
7.3.3.1 TTY Decoder Inputs 47 
• TTY Information (header, TTY character, baud rate). 48 
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• Bad frame indicator 1 
 2 
7.3.3.2 Decoding the TTY/TDD Information 3 
The task of detecting the presence of TTY information, recovering from frame and bit errors, 4 
and decoding the TTY character is performed in tty_dec().  If the routine detects that TTY 5 
information is being sent, the tty_dec() flag is set to non-zero and the PCM buffer is filled 6 
with the appropriate Baudot tones.  If TTY is not detected, the flag is set to zero and the 7 
PCM buffer is returned unmodified. 8 
The routine labels each frame as NON_TTY, TTY_SILENCE, FER, or a TTY character, and 9 
maintains a history buffer of these classifications for 11 frames: 9 frames of lookahead, 1 10 
current frame, and 1 frame of lookback (see Table 7.3-4).  The most recent packet enters 11 
the buffer at location 0, but the decision for the current frame is based on the contents of 12 
element 9.  The buffer is updated at the end of each frame, shifting its contents to the right 13 
by one.  The buffer is initialized to NON_TTY. 14 

Table 7.3-4: tty_dec() History Buffer 15 
At the start of each frame, the most recent information is sanity checked to see if it is 16 
consistent with TTY information.  If the frame erasure flag is set, the frame is labeled FER, 17 
otherwise the TTY/TDD information is checked to see if the header and TTY character fields 18 
fall within the allowed range of values.  If all of the tests pass, Frame 0 is labeled with the 19 
TTY character in the history buffer. 20 
The TTY decoder processing can reliably regenerate the TTY characters despite channel 21 
impairments because the character information is transmitted a minimum of 6 times from 22 
the encoder.  Errors are corrected by a voting process. The current frame and nine frames 23 
of lookahead are used to determine the correct TTY header, character, and baud rate.  24 
Errors are replaced with the winner of the voting process.   25 
Voting is conducted under the following conditions: 26 

• Any time the current frame is labeled as FER. 27 
• Every time the current frame contains information for the start of a new 28 

character.  Because a new character must contain a minimum of 6 29 
frames of the same information, a vote is taken to verify that the 30 
information is present before it will generate the tones for that character.  31 
Once a character wins the vote, any frame errors, bit errors, or other 32 
inconsistencies are corrected in the frame window where the character 33 
information is expected, i.e. the current frame and the adjacent frames of 34 
lookahead will contain the same header and character information. 35 

• Any time the current frame contains TTY_SILENCE or a TTY character, and the 36 
frame of lookback contains NON_TTY.  This makes it harder for the decoder to 37 
erroneously go into TTY_MODE, thus preventing false alarms when speech is 38 
present. 39 

Once tty_dec() makes its decision on the current frame, tty_dec() calls tty_gen() to generate 40 
the appropriate PCM samples. 41 
 42 
7.3.3.3 Baudot Generator 43 
Once the current frame is labeled by tty_dec(), tty_gen() is called to fill the PCM buffer with 44 
the appropriate Baudot tones.  In the case of NON_TTY, the PCM buffer is returned 45 
unmodified.  In the case of TTY_SILENCE, the PCM is muted. 46 

Frame: 0 1 2 3 4 5 6 7 8 9 10 
Description: Lookahead Current 

Frame 
Look- 
back 
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Generating TTY characters is more involved because one character spans many frames, so 1 
tty_gen() must generate the Baudot tones one subframe at a time.  When a TTY character 2 
needs to be regenerated, tty_gen() puts a subframe’s worth of samples in the PCM buffer.  It 3 
keeps track of which bit it is in the middle of generating and the number of samples left to 4 
generate for that bit, so that the next time it is called, it can pick up where it left off.  Once 5 
tty_gen() begins to generate a character, it will generate the entire character before it will 6 
generate the next character.  This is done so that the repeater will only generate valid TTY 7 
characters. 8 
There exists logic in tty_gen() to detect when the next character arrives before the current 9 
one is finished.  If the next character arrives before the current one can be regenerated, the 10 
bit duration is reduced by 4 samples and a minimum of 1 stop bit is generated. Otherwise, 11 
nominal bit lengths are generated, i.e. 22 ms bits for 45.45 baud and 20 ms bits for 50 12 
baud, and a minimum of 1.5 stop bits is generated for 45.45 baud, and a minimum of 1.75 13 
stop bits is generated for 50 baud. 14 
There exists a provision in the ITU-T Recommendation V.18 for the TTY/TDD device to 15 
extend its stop bit in order to prevent a TTY/TDD device from detecting its own echo.  This 16 
routine will extend the stop bit a maximum of 300 ms if a TTY character is followed by 17 
silence.  If a new character arrives before 300 ms has elapsed, the extended stop bit is 18 
terminated and the new character is generated immediately. 19 
The tones themselves are generated by tone_gen().  Before tty_gen() returns, it updates the 20 
decoder’s lookback field in the TTY history buffer with the information corresponding to the 21 
last samples generated.  For example, if tty_gen() finished generating a character in the 22 
middle of the subframe and started generating silence,  the lookback field is updated with 23 
TTY_SILENCE. 24 
 25 
7.3.3.4 Tone Generator 26 
The routine tone_gen() is a sine wave generator.  Given a frequency and the number of 27 
samples, it will generate the PCM samples by using a 2 tap marginally stable IIR filter.  The 28 
filter implements the trigonometric identity: 29 

( ) ( )ωωωω )2(cos)1(cos)cos(2)cos( −−−⋅⋅= kkk
 

30 

It is a zero excitation filter, using only its past 2 samples and the cosine of the frequency to 31 
be generated, to produce the next sample. 32 

7.4 DTMF 33 
7.4.1 DTMF Detector 34 
The DTMF (Dual Tone Multiple Frequency) detector detects the presence and the 35 
information content of incoming DTMF tone signals. Its row and its column frequency as 36 
shown in Table 7.4-1 uniquely identify each key on the keypad.  It outputs a 16-bit value 37 
associated with each of the 16 possible DTMF tone combinations. 38 

39 
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 1 
  Column Frequency Group 
  1209 Hz 1336 Hz 1477 Hz 1633 Hz 

697 Hz 1 2 3 A 
770 Hz 4 5 6 B 
852 Hz 7 8 9 C 

Row 
Frequency 
Group 

941 Hz * 0 # D 

Table 7.4-1: Touch-tone telephone keypad:  2 

A row and a column tone is associated with each digit. 3 
7.4.1.1 Description of the DTMF Detector 4 
The DTMF detector consists of three main functions: 5 
1. AGC – normalizes the input frame.   6 
2. Goertzel – performs spectral analysis at the 8 frequencies and at the second harmonic 7 

of the column frequencies using an 80 point Goertzel algorithm. The Goertzel algorithm 8 
provides an efficient means of calculating the DFT energy at a specific frequency (see 9 
Oppenheim and Schafer, Digital Signal Processing, Prentice-Hall) In addition a 160 10 
point Goertzel algorithm is used at the first and fourth row frequency in order to satisfy 11 
the requirements found in Bellcore document GR-506-CORE LSSGR: Signaling and 12 
Analog Interfaces Issue 1, June 1996.    13 

3. Check– checks the spectral energies to determine if a valid DTMF tone is detected.  14 
7.4.1.2  INPUT 15 
• Pointer to 16 bit linear time series for current 20 msec. frame and 10 msec. look-ahead. 16 
7.4.1.3 OUTPUT 17 
• 16 bit valid DTMF tone digit if a tone is detected or 0xffff to indicate no DTMF present.  18 

 19 
 20 


